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Abstract 

 

As information can be sent via various mediums through different channels,  

visual or vocal communication can also be carried out though various 

channels such as public switched networks (PSTN) and packet based 

switched systems which are commonly known as voice over Internet protocol 

(VOIP). This particular study emphasizes on voice over Internet protocol and 

its various aspects.  

 

Codec is the most important aspect in VOIP communication there is variety 

of codecs available. In order to have right quality of voice the right codec 

must be selected. There are various other factors such as bandwidth and right 

technical infrastructures which are also present and which must be addressed 

in order to have a better quality of voice over VOIP. 

 

Mostly, VOIP is used in companies where a huge volume of voice calls is 

needed, especially in call centers which deal in offshore sales and support 

projects. The main factor which make companies and other users interested in  

VOIP is the financial aspect as, VOIP cuts costs significantly. Every mode 

which may be utilised for voice communication has its own advantages and 

disadvantages so user can chose the mode of communication according to 

what is required. 

 

In order to provide the financial and technical advantages of VOIP, various 

previous studies have been studied, information has been collected from 

different call centers and a network is simulated using OPNET MODELLER 

in order to evaluate the performance of VOIP codec as the codec is basically 

coder as well as decoder, hence it is the basic aspect in order to have a better 

quality of services (QOS) and quality of voice (QOV). 
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Terminology / Notation 

 

PSTN Public switching telephony network 

VOIP Voice over Internet protocol 

PBX Private branch exchange 

DSL Digital subscriber line 

INBOUND Incoming calls 

IVR Interactive Voice Recorder 

OUTBOUND Outgoing calls 

INHOUSE  Within facility  

KPI Key performance indicators 

BGP Border gate way protocol 

ILBC Internet low bit codec 

LTE Long Term Evolution  

IP Internet Protocol 

SIP Session Initiation Protocol 

FTP File transfer Protocol  

MOS Mean Opinion Score 

LAN Local Area Network 

WAN Wide Area Network 

RIP Routing Information Protocol 

TCP Transmission Control Protocol 

 

 

 

 

 

 



10 

1      Introduction 
 

Alexander Graham Bell invented the first telephone in 1876. The architecture of the 

PSTN (Public Switch Telephone Network) was manual and converted to digital 

switching as time passed. The voice travels one way and is sampled at the rate of 8,000 

samples/sec when traveling in the form of 64Kbps of data; modern day telephone 

networks are planned and designed according to these parameters. Initial telephone 

networks were switch based and had many limitation For example, bandwidth 

utilization where one connection utilizes all the bandwidth as long as the connection is 

alive and no other connection can utilize that bandwidth because of direct connections. 

As technology advanced PSTN is slowly incorporated with VOIP. VOIP is a packet 

based network which compresses the voice signal and renders it into IP packets to be 

able to transmit it over Internet. The first version of packet based transmission of voice 

encountered severe problems, such as packet delay, connection demise, stumpy 

quality and reservation related to compatibility.  

 

Call centers are one of the most frequent users of VOIP services as a call center needs 

to handle a huge volume of voice calls which requires a system able reduce the cost 

but while not compromising on the quality of voice. Codes are the most relevant factor 

of voice quality the better the codec the better the voice quality.   

 

 

 
Figure 1. VOIP Architecture [27] 

1.1. Background and problem motivation 

 

Users in developed countries enjoy VOIP services due to the presence of technologies 

such as 3G, 4G and LTE, but due to absence of these technologies in developing 

countries, VOIP is the talk of the day as many of the main telecommunication 

companies are emphasizing on integrating their system with VOIP technologies so 

that users can enjoy less expensive  services.  

 

VOIP services have become very popular among small and medium enterprises 

(SMEs) especially for call centers and business process outsourcing companies, which 

heavily utilize voice and data services. More companies are trying to deploy 
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infrastructure which can support VOIP services in a way where they can have a better 

quality of services but with much lower recurring costs. 

 

As call center has services such as customer support, sales and data collection. This 

means call center requires Quality of Service (QOS) and Quality of Voice (QOV) but 

the quality can suffer due to an inappropriate codec scheme, varying computational 

requirements, resource availability and traffic load, the wrong infrastructure, the 

wrong choice of service providers. 

 

A call center uses VOIP in order to have better economic standing but some call center 

try to save initial investment and recurring costs too much and end up making very 

inappropriate decisions with respect to choice of infrastructure and integration of 

PSTN and VOIP service. 

 

VOIP cannot be as good as PSTN, but in order to have a better financial standing a call 

center should be smart enough to make the right choices. Codec performance is 

dependent on the environment as each codec has specific requirements. If the right 

condition are not provided the codec will have poor performance which can result in  

extensive packet loss and jitter. The call managing service should manage the change 

codec based on channel and traffic conditions, depending on call destination 

information, according to a policy for when to choose which codec. Developers of call 

managing software and VOIP service providers need knowledge on what is an 

appropriate policy for choice of codec. Many call centers fail during the very first year 

of deployment for several reasons some of which are: 

 

 Absence of deployment and financial plan. 

 Lack of knowledge regarding governing bodies and entities in the area. 

 Insufficient network architecture. 

 Wrong choice of service provider according to the needs of the business. 

 Inappropriate selection of tools and Codec. 

 Inappropriate handling of Call Manager and IP pooling. 

  

1.2. Overall aim  

 

The purpose of this study is to write a dissertation which will be a first step in making  

a difference in a life cycle of a small and medium scale call center in Pakistan. This 

study will also be helpful for other developing countries by indicating  economical 

gain. This study will suggest companies how to choose better infrastructure, service 

providers and integration.. This study also indicates how to decrease deployment and 

recurring costs. A technical policy benchmarking such as, in what conditions a certain 

codec should be chosen by the call managers according to the device pools, by 

benchmarking a number of codec for various hostile environments according to the 

available resources. The conclusions should be based both on my own simulations and 

on measurement and simulation results found in the literature.  
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As developing countries have a huge market for VOIP, for example in many of which 

especially in South East Asia are outsourced call center and customer support 

businesses are flourishing, and many small medium scale organizations are deploying 

network to support VOIP. In accordance with certain requirements for voice and data, 

there are considerations which a network must fulfill like bandwidth, required 

equipment and choice of coding schemes. As an organization need to communicate 

across the globe it must communicate internally, and it must deal with data and voice 

traffic. The purpose of this study is also to estimate the possible gain of this policy in 

terms of saved recourses, financial gain together with social and economical impact. 

This project intends to analyse and compare various VOIP codecs and set a bench 

mark as to in what scenario what codec is best to use. This study seeks to give an 

insight to VOIP technology as to how a VOIP network operates what attributes 

contribute to increasing and decreasing the quality of the network. What is codec, how 

does it work, what functionality does various codecs have, what codec is best in which 

scenario. It also includes checking the performance of codecs with a range of load and 

how a codec works in a network dealing with simultaneous data in form of data and 

speech at the same time. 

 

1.3. Scope 

 

As the call center industry in growing countries is growing day by day, many people 

are interested in investing in this industry, but most of the time, due to wrong choices 

such as infrastructure, service provider, inappropriate network layout, unsuitable 

codec. 

 

This study can help existing small and medium scale call centers and business process 

companies together with interested investors who are willing to invest in this sector by 

providing them an insight. The study will also focus on providing a technical policy 

with respect to VOIP network and codec performance considering situation and 

current trends in developing companies in developing countries having huge and 

prosperous markets . This study is unique because this thesis intends to provide a 

study which helps to analyse the codec performance on a network with data and voice 

traffic simultaneously and at the same time with various traffic load and also help to 

determine what codec is better in which circumstances. This policy will be a result of 

previous literature and studies conducted together with a simulation which will be 

simulated on OPNET. 

1.4. Concrete and verifiable goals  

 

The main goal of this study is to come up with suggestions or a policy as well as 

indicating key performance indicators (KPI)  which could help call centers in Pakistan 

to make better decisions and make a difference economically. 

 

This study has various parts which includes simulation based on a scenario in which 

three networks are simulated, each depicting an individual network at various 
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coordinates such as Pakistan, USA, and UK.  Jitter, delay, call setup time and call 

drops are the parameters which will conclude the performance of the VOIP codec,  the 

study also includes results from earlier studies in the context of performance of codec 

together with a policy which will be benchmarking the key performance indicators in 

various domains for economical and performance gain which also includes choosing 

right infrastructure, service provider and codec.    

This study includes. 

 Suggestions to help small and medium Scale enterprises (SME) to achieve and 

sustain better quality of service using available resources and achieve financial 

gains. 

 Indication of economical and performance gain of VOIP.  

 Simulate an environment over OPNET to evaluate performance of various VOIP 

codecs 

 What codec is better. 

Performance of VOIP codecs with respect to 

 Mean opinion score (MOS).  

 Call setup time. 

 Jitter.  

 Packet delay variation.  

 Packet delay end to end.  

 

1.5. Outline 

 

Chapter two explains theoretical studies which are necessary to have a better 

understanding of various aspects of these varied studies which involve concepts of 

voice over Internet protocol (VOIP) how it is utilised and what are the core areas 

which plays an important role in deployment and operation; how a VOIP call is setup 

and handled what main codec schemes present in current time, what studies have 

already been conducted in this area and what studies are playing a supporting role in 

this study.    

1.6. Contributions 

 

As this study is part expositions experiment which involves information collection 

provided by various entities involve in this study such as call centers. The call centers   

have provided much of data which involves how many employees they have what 

sort of a network and other technical environment (type of network, number of work 

stations, servers, VOIP service provider, Bandwidth provider, costs, number of calls). 

What region they are dealing in, what are the problem areas which can help this study 

to indicate key performance indicators (KPI) and to set a bench mark for selection of 

various aspect involving technical and financial choices. A main part this study is 

based on experiment and researches which already have been conducted in this area 

which can help this current study to evaluate the performance of codec depending on 

the results which were obtain and evaluated by previous studies. 



14 

2      Theory  
 

Alexander Graham Bell invented the first telephone in 1876. The architecture of the 

PSTN (Public Switch Telephone Network) was manual and converted to digital 

switching as time passed. The voice travels one way and is sampled at the rate of 8,000 

samples/sec when traveling in the form of 64Kbps of data; modern day telephone 

networks are planned and designed according to these parameters. Initial telephone 

networks were switch based and had many limitation For example, bandwidth 

utilization where one connection utilizes all the bandwidth as long as the connection is 

alive and no other connection can utilize that bandwidth because of direct connections. 

 

During the nineties, when American emphasized on developing technology that could 

be useful if the communication channels of go  down, the Internet was the technology 

developed and since then it is growing. Vocal Tech an Israeli company introduced 

concept of VOIP in 1995.VOIP is packet based network which compresses the voice 

signal and renders it into an IP packet to transmit it over the Internet. The first version 

of packet based transmission of voice encountered severe problems such as packet 

delay, connection demise, stumpy quality and reservation related to compatibility. 

With the boom of VOIP technology most of the main telephone service provider 

intended to integrate the packet based telephony in the existing networks because 

packet based networks operates on the existing PSTN telephone networks. 

 

Voice over Internet protocol is rapidly growing technology. Main stake holders in 

telephone industry have engaged new packet based telephone systems by integrating 

VOIP with existing public switched telephone networks. VOIP is an effective and 

efficient technology helping organizations and users to enjoy various other features 

rather than just speech or text. VOIP enables users to enjoy speech, video 

conferencing/streaming, dynamic sharing together with many other media features. 

Various protocols are used to make communication possible on the Internet. 

Integration of traditional switching based telephone systems and packet based 

switching systems is complicated to some extent because,  both system communicate 

speech, but the problem becomes visible when we try to transfer speech from 

traditional to upgraded packet based systems and the other way around. Efficient 

integration is required. Integration has prerequisites such as, right protocols, required 

codec to code and encode, VOIP gateways. Interfacing between various networks, 

setting up calls, call processing, converting analogy signals to digital signals, 

compression and decompression the data, organizing packets and routing it over 

Internet through IP at both ends are functions of VOIP gateways.  

 

For the establish countries and area VOIP may not be of interest but, because of the 

situation and economic aspect of developing companies VOIP is a very important 

aspect for various businesses involved in services, sales and support area especially 

call centers. The main job description of a call center is to sell specific products over 

phone calls and provide customer support for various products over phone. This 

involves a lot of local regional and international talk time, and if this talk time is over 
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traditional Public Switched Telephone Network (PSTN) then it will be must  costly. 

The basic ideology behind call centers is that various companies working around the 

globe do need services of a telephonic sales and support department. If these 

companies wish to deploy and run such a department it will not be a very wise 

decision in terms of financial gain as they would have to deploy infrastructure and run 

and maintain it which can be a hassle and take a lot of time together with the fact that 

they have to hire employees and pay them according to the laws of the country. 

 

It is a win/win situation for both parties client gets a good sales and customer support 

service together with financial savings and call center also earn a financially. The main 

gain of VOIP services for both client and service provider is the financial gain. As these 

call canter may provide these services to national or international level in both of the 

scenarios, the required type of basic infrastructure may be the same, but as the call 

center uses VOIP services so for national and international calls different type of 

routing and selection of protocol is needed together with different types of routing.  

Various choices for the selection of VOIP codec is also needed which dependent on 

destination, whether it is national or international. This is a very important aspect as 

codec is a software which code and decode. If the codec is not properly selected 

according to the destination then it will not provide, desired quality of service (QOS) 

and quality of voice (QOV) .   

2.1. Primary factors of VOIP 

 

The main advantage of VOIP is financial benefits sometimes VOIP may be a tradeoff 

between quality and cost but for some businesses this tradeoff is better for companies 

as in various scenarios [9]. 

Issues can be encountered in VOIP because of various reasons such as not having good 

enough hardware resources or organizations do not follow the standards [9]. 

 

2.1.1. Quality of voice 

 

Quality of voice depends on many factor, the most important is delay. If there is delay 

in voice it will lead bad voice quality. IP is designed as a carrier of data but it does not 

guarantees that the data will always be in the desired way. There are often delays in 

voice communication which effects QOV. The delay must be minimal in order for 

users to get acceptable voice, at their end there is a threshold value and delay must be 

less then that value in order make voice quality acceptable for users. International 

Engineering Task Force (IETF) is an engineering body working in this context to make 

sure better voice quality, the body works to improve factors which also play a vital 

role in voice quality together with delays, such as ECO cancellation, prioritizing voice 

packet by providing it high primacy and forward error correction (FEC) [9].  

 

 2.1.2. Interoperability 
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Like any other network or system, a VOIP network consists of various components, 

equipment and products, which were produced under the banner of various vendors  

For a VOIP network to work properly these, various products from different vendor 

must work together with. To find the desired result when it comes to various products 

working together, certain standards are present and for a network to properly it has to 

follow the standards.[9] 

 

2.1.3. Security 

 

Internet is the primary medium for VOIP and the Internet being public can cause 

various threats like, being not secure as someone can make alternation to apprehend 

data packets. To overcome these problems multiple approaches are present, such as 

encryption/decryption and tunneling. Secure socket layer (SSL) is the 

encryption/decryption technique and layer 2 tunneling protocol is utilized for 

tunneling .[9] 

2.1.4. Integration of IP based networks and PSTN 

 

Switch based telephone was introduced much earlier to integrate packet passed 

telephony in such a way that they appear as a single unit, is one of the challenges 

encountered at earlier stages causing severe congestions. It is important that IP based 

and PSTN appear as a single entity for front users of VOIP [9].  

2.1.5. Scalability 

 

As mentioned earlier VOIP is the future and fastest growing technology being 

deployed by every main organization. Continuous efforts are made to bring Packet 

based telephony up to the mark of quality produced in PSTN. VOIP network must be 

flexible to any advancement mergers of services and growth. VOIP networks must be 

flexible enough to shift from a small or modest network to a bigger network or area of 

choice [9].  

2.2. Components of VOIP 

 

VOIP currently inexpensive and is most efficient way to communicate at. There are 

various components playing a main role in VOIP based communication. The greatest 

advantage of the packet based communication is that it can be integrated with the 

previous versions of  PSTN with the help of VOIP gate ways [1].  

Packet based communication involves various vital components to setup and start 

communicating speech over Internet components such as .[1] 

 Telephones (switch/IP based). 
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 PSTN (Public Switch Telephone Network). 

 VOIP Gateways (call processing, call setup, voice compression and 

decompression). 

 Call manager and Call Agent. 

 Application Servers and Profile Servers 

 Internet Protocols. 

2.3. Stages of VOIP call 

 

Like any other data transition, a VOIP call has various stages, such as: [1]  

 

Call Setup 

 Inspects call routing settings to verify aim of the call. 

 Defines the prerequisite of the call. 

 Determines if enough bandwidth is present for the call. 

 If bandwidth is available it sends a setup request to the target or else generates a 

busy signal. 

 Call control protocol H.323 MGCP and SIP (session initiation protocol) describes 

various messages exchanged during call initiation/setup. 

Basic consulted information. 

 IP addresses of end devices. 

 UDP (user data gram protocol) port number intended for RTP (real time transport 

protocol) which carries a voice traffic stream. 

 Format type used for digitization of voice. 

Call maintenance 

 

 Find out if there is any type of packet loss, packet count, delay and jitter of calls. 

 Gather information from equipment to establish whether the connection is strong 

or compromised.  

 

Call termination 

 

 Produces termination message. 

 The call agent terminates calls. 

 The occupied bandwidth is liberated. 

2.4. Standards and protocols 

 

Like any technology and techniques VOIP does involves various protocols and 

standards [9].  
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 ITU(International Telecommunication Union) 

 H.323. 

 H.245. 

 Q.931. 

 SIP (Session Initiation Protocol). 

 RTP/RTCP 

2.5. Codec 

 

The coder encoder known as codec is software used to code and decode, but the main 

goal of a codec is to compress analogue data to a digital encoded stream. There are 

various aspects which have to be considered to decide which codec should be used in 

a specific scenario, in which environment what codec will perform the best according 

to the needs and maintain balance between quality of service and resource utilization 

such as bandwidth consumptions. Available resources have main effects when it 

comes to choosing which codec should be used. Available bandwidth has a vital role 

in determining the bit rate to be utilized by a certain codec. There is always a 

compromise and trade between quality of service or speech and available bandwidth,  

this trade-off has an imperative effect on choice of the codec to be used.  Every codec 

has many features which determine quality of speech, quality of speech is always 

subjective to user response. Each application, programme, service, phone gateways, 

call manager mainly support different codecs. When two communicate with each 

other, negotiation is common for the choice of codec. Codec have three basic tasks 

encoding – decoding, compression – decompression and encryption – decryption. 

 

Encoding – Decoding 

 

The communication over PSTN is always analogue but transmission over VOIP is first 

converted to digital stream from analogue state on one end and vice versa on other 

end. This is known as encoding/decoding which is a function of a codec.  

 

Compression – Decompression 

 

The most important characteristic of a network is bandwidth so the need of 

compression arises in order to use available bandwidth in most effective manner. 

Compression lightens the data;  less load mean using less bandwidth. By compressing 

data, more data can be sent and received. This process involves compression on one 

end (sender) and decompression on other end (receiver). It is a time consuming and 

sometimes complex process but this all is overshadowed by the benefits of 

compression and decompression.  

 Pulse Code Modulation (PCM). 

 Adaptive Differential Pulse Code Modulation (ADPCM). 

 Code Excited Linear Prediction (CELP).  
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Source coding 

 

Being on the Internet all data on Internet does requires security, so does VOIP data. 

For the purpose of security, encryption and decryption is used. Encryption disables an 

unauthorized person to access the private data of an entity or a network. If 

confidentiality is introduced properly, the voice traffic is impossible to be 

compromised. 

2.5. VOIP codec  

 

Codecs have various functions and have certain requirements. They perform in 

different manners under different circumstances, for example a codec which requires 

high bandwidth will perform best with high bandwidth and will also have better voice 

quality, it means Internet connection must be fast. [2][3][4] 

 

Every codec has a capability to produce a specific quality of speech. QOS (quality of 

speech) is variant and totally subjective to the user/listener experience. MOS (Mean 

option Score) is a benchmark to determine quality of voice generated by a specific 

codec which is determined through an experiment where a range of user review and 

judge the quality of voice and grade it from 1, being worst, to 5, being best and then 

the result is compiled to come up with the MOS value for certain codec. [2][3][4] 

 

The choice of codec dependent on what sort of application is desired to be utilized in a 

certain scenario. [2][3][4] 

 

G.711 PCM. 

 64 Kbps bandwidth. 

 128 Kbps bandwidth bidirectional. 

 Transmit accurate speech. 

 Utilizes low processor resources. 

 4 calls/DSP. 

 Medium complex.  

 MOS 4.1. 

 Compression delay 0.75ms. 

G.722. 

 48/56/64 Kbps bandwidth. 

 Adapts in accordance to compression and bandwidth during  congestion in the 

network. 

 MOS 2.0. 

 Compression delay 

G.723.1 MP-PLQ. 
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 5.3/6.3 Kbps bandwidth. 

 High compression on high quality speech. 

 Can be used on dial up. 

 Requires heavy processing. 

 2 calls/DSP. 

 High complex. 

 MOS 3.9. 

 Compression delay 30ms. 

G.726 ADPCM. 

 16/24/32/40 Kbps bandwidth. 

 Improved adaptation of G.721 and G.723. 

 4 calls/DSP. 

 Medium complex. 

 MOS 3.85. 

 Compression delay 1ms. 

G.728 LD-CELP 

 16 Kbps bandwidth. 

 Highly complex 

 2 calla/DSP. 

 MOS 3.61. 

 Compression delay 3to5ms. 

G.729 ACELP. 

 8 Kbps bandwidth. 

 Best bandwidth usage. 

 Tolerant against Errors. 

 License must be acquired. 

 4 calls/DSP. 

 Medium complex. 

 MOS 3.65. 

 Compression delay 30ms. 

 

2.6. Performance indicator 

 

2.6.1. Jitter in Packet Switched Networks 

 

Jitter can most easily be described as a discrepancy/variation in the delay/interval in 

received/arrived packet. Packets are formed in order to have some sort of digital 

communication so that the sending side packets are continuously formed and sent in a 

form of simultaneous streams in a way where packets are set to send in evenly spaced 
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order. There are many aspects which can cause jitter. Congestion in the network, 

unordered queuing and false configuration may cause, tottering stream and interval 

among packets will fluctuate instead of remain steady and perpetual. In a packet 

switched networks when a router obtains a real time protocol (RTP) stream for a 

packet based or IP based (VOIP) network  router must counterbalance for the 

encountered jitter. So there is a mechanism which handles all of these processes which 

is known as, PLAYOUT/DE-JITTER delay buffer which buffers the incoming packets 

to play out the stream steadily to digital signal processors (DSP) in order to convert 

digital information to analogue audio stream. [10]  

 

A network which involves packet switching, jitter is sometimes so significant that it 

may set off the packets to be received beyond the range of buffer, so all the packets 

which are out of range are tossed out resulting in  pause and drop outs in the audio 

video (AV). When the jitter exceeds certain limit it causes a lot of noise and undesired 

quality. [10]      

 

There are some aspects which must be taken into consideration in order to address 

jitter i.e. Traffic shaping, Fragmentation, Queuing. 

Jitter is deviation in packet time interval between stimulation and response. The digital 

signal processor (DSP) present in routers are only capable to handle certain jitter but 

the DSP can be dominated by the disproportionate jitter. All of the above situations 

cause poor quality of voice, when a packet is queued or delayed in circuit it causes 

jitter together with the wrong configuration. [10]  

 

2.6.2. Packet Loss 

 

Packet loss in encountered when a single or multiple packets in a packet switched 

network are not able to reach across the destination and get lost somewhere in 

transmission. [18] 

 

Packet loss is caused by, congestion in network, altering and inconstant delay and 

indigent network. Factors which cause packet loss are bit error, lack of queuing space, 

indecent capacity of buffer and de-buffer and end to end transmission delay. If a 

packet is lost during transmission it cannot be recovered and will end up causing the 

voice being unsatisfactory, resulting in disturbed quality of conversation. Packet loss 

can be decreased to some extent by introducing Packet Loss Concealment (PLC) to 

correct 20ms - 50ms of disoriented packets.[11] 

 

As mentioned above there are many reasons for packet loss, including degraded signal 

quality, congestion in transmitting channel, packets with malicious data rejected in 

transit, flawed network equipment and defective drivers. Packet loss result in 

undesired performance and jitter.    
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Network transport protocols such as TCP and UDP, TCP provide efficient delivery of 

packets in the event where packet loss is encountered. Receiving end can request to 

retransmit the packet or the sending end can retransmit the packet as per the set policy 

of the network and this implements on every segment which is not acknowledged. The 

main difference is caused by throughput of the connections, if the packet loss is 

encountered often. Decrease in throughput is caused by sliding windows protocols 

utilized to acknowledge received packets. When TCP sends a packet which is not 

acknowledged it does send all the packets, which comes after the lost packets. This 

causes significant decrease in throughput of the network which may cause drops in 

connections. 

 

UDP does not have a facility for recovering packet loss, so every network using UDP 

protocol must have its own policy and method to handle packet loss. Packet loss can 

increase if the intensity of the traffic is increased in a network. So two factors are 

packet loss and probability of packet loss in a network. The amount of acceptable 

packet loss depends on the type of traffic. Voice over IP (VOIP) traffic can manage if a 

there is a packet loss now and then but if the loss of packet in a transmission is 

increased to 5% - 10% this will cause a significant drop in quality of the transmission 

and overall quality. [11] 

 

If the packet pushed or transmitted in the network are more than the capacity of the 

networks then the network will certainly encounter packet loss. Quality of service 

(QOS) is very much interconnected with packet loss. [11] 

 

2.6.3. Delay 

Delay is the time which is calculated as the time which speech takes to travel from 

speaker´s mouth to listener’s ear. Delay is an important factor which initializes the 

problem accruing in a transmission. Delay can be distinguished in two main categories 

as: fixed delay and variable delay. Fixed delay involves various components which are 

predictable resulting in inclined overall delay, component include coding, 

packetization and serialization. Variable delay also involves different components but 

most known is queuing delay. Delay can cause noticeable difference in performance of 

any real time multimedia transmission and communication. [12] Delay can also be 

understood as the time it takes for a packet to start the transmission from the sender 

until it starts receiving at the receiving end. VOIP has a great effect of the delay so to 

maintain quality of services (QOS), a network must maintain a high quality of 

channels. Delay in VOIP network can be categorized into different type such as 

Propagation delay, Handling delay, Queuing delay. Delay can be significantly reduced 

and handled by introducing prioritization in a VOIP network, right policies, 

bandwidth allocation and reservation are few aspect that should be  considered while 

implanting prioritization. [12] [13][14] 

2.7 Out Sourcing  
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Outsourcing is present in business world since long time. Outsourcing simply is to 

assign a specific task to a third party in order to reduce cost and administrative issues. 

The contemporary outsourcing trend is mostly adopted by companies who are dealing 

with sales and support projects. Many companies around the globe outsource their 

sales and support projects to other countries, especially to companies in South East 

Asia.      

2.8 Call centers 

 

A call center mostly deals  in sales and support outsourced projects through telephone 

services, which requires a lot of bidirectional voice communication . Mostly call 

centers have networks which supports VOIP services. 

Most sales projects have to deal with a lot of outgoing calls which are known as 

outbound calls, and all the support projects deal with incoming calls, which is known 

as in bound calls. In order to provide better sales for clients and be able to provide top 

notch support, the call center must have very good infrastructure and the best 

technical services, like bandwidth and VOIP services.          

 

 

 
Figure 2. Call Canter [26] 
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3       Methodology  
 

This study involves empirical dissertations which involves, collection of data from 

previous studies. This study also involves different call centers situated in Pakistan. 

This study is based on collection of data provided by the call center and a experiment  

which involves simulation of an enterprise network to study behavior and 

performance of various VOIP codecs based on data gathered by previous studies and 

the case study.The simulation involves a simulation tool known as OPNET. There are multiple 
scenarios based on alternating settings in order to perform different experiments. The is a 
single generic design of the network, but the implementation and settings are altered and 
adjusted with various traffic load over a link to study the outcome of the changes on codec 
performance. 

3.1. Goals 

Various related studies conducted recently will be studied to evaluate results from 

these studies and show them in form of tables, charts and graphs. 

 

A plan is to simulate a business to business model where two companies communicate 

with each other. One company is situated in Islamabad and other is in UK.  

 

Two office environments will be simulated which will communicate through VOIP 

with different codec selection, packet size and bandwidth . In addition to this there 

will be an analysis of codecs with respect to performance at normal hours and peak 

hours (with various number of calls) where a lot of bidirectional communication is 

occurring.  

 

After complete study of various case studies and concluded results from my 

simulation. I would like to conclude my remarks by indicating KPI’s can be beneficial 

for the companies in choosing the right infrastructure, the right VOIP service, and the 

right codec scheme. This study will result in providing a policy for SMEs to have a 

better understanding of the network infrastructure in order to cut the loop holes and 

follow best practices in order to improve resource utilization, which will directly affect 

the financial prospects and will help them to grow. 

 

This study emphasize on various networks, performance of VOIP and performance of 

various codecs on different networks in various scenario and environments. This 

study includes.  

 

 Indicating KPIs  which can help small and medium Scale enterprises (SMEs)  to 

achieve and sustain better quality of service using available resources and 

achieve financial gains. 

 Indication of economical and performance gain of VOIP together with its 

advantages  and  target market globally. 
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 Simulate an environment over OPNET to evaluate performance of various 

VOIP codecs. 

 Simulate three networks representing three different facilities.  

 Evaluate voice traffic between networks.  

 

Performance of VOIP codecs with respect to 

 

 Mean opinion score (MOS).  

 Call setup time.  

 Jitter.  

 Packet delay variation.  

 Packet delay end to end.  

3.2. Simulation Tool 

Simulation is a beneficial technique to deploy, run and forecast the performance of a 

system, it could be in form of deploying a network or a certain application when 

resources in form of hardware are not available or when testing is required to validate 

a plan of a designed network to check if it is going to perform as desired. In this 

scenario I need to check the performance of various VOIP codecs so simulation is the 

best option to plan and design a network, deploy it and test my various scenarios in 

context to performance of the codec in different circumstances. 

 

The simulation tools utilized for the purpose of studying behavior of different codecs 

in alternate environments and scenarios is OPNET Modeller. OPNET is a very 

beneficial optimized engineering tool when it comes to designing a variety of 

networks, devices, applications and protocols OPNET is utilized in various scenarios 

by a range of organizations such as universities and organization, for the purpose of 

research and development, simulation and testing. 

 

I have used OPNET in order to build a network simulation which supports data and 

voice with the help of File Transfer Protocol (FTP) and Session Initiation Protocol (SIP). 

Two different networks are simulated in order to depict the case study in which one 

office is situated in the United Kingdom (UK) and one in Pakistan. The office in 

Pakistan is the service provider and the office in the UK is the client. 

In the simulation the flow of the calls varies according to the suggested time line 

showing at which time the number of calls are increased and decreased .How network 

behaves when data and voice services are utilized simultaneously.    

 

3.2.1. Simulation Tool OPNET MODELLER 

The simulation tool utilized for the purpose of studying behavior of different codecs in 

alternate environments and scenarios is OPNET Modeller. OPNET Modeller is an 

effort of a 1986 MIT graduate. It went public globally in 2000. OPNET was acquired by 

RIVERBED in October 2012. OPNET is a beneficial optimized engineering tool when it 

comes to designing a variety of networks, devices, applications and protocols OPNET 
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is utilized in various scenarios by a range of organization such as universities, for the 

purpose of research and development, simulation and testing.[5][6] 

OPNET provides many features such as: 

 Application Performance Management 

 Capability Management 

 Network R&D and Operations  

 OPNET MODELLER 

 OPNET MODELLER Wireless Suite and Defense 

 

3.2.2. OPNET MODELLER. 

OPNET MODELLER is one of the first and best tools on the OPNET platform which is 

widely used around the globe by various universities and academic organizations 

together with many other nonprofit organizations working on nonprofit projects.  

 

OPNET MODELLER can model multiple network types together with other 

technologies like VOIP, IPv6 and TCP. It allows faster simulation because it offers very 

capable event simulation engine. [5][6] 

 

 

 
Figure 3. OPNET Modeller 

 

The OPNET MODELLER provides 

 Better understanding of the component of the network. 

 Live behavior analysis of the specific network. 

 Continuous monitoring and testing of the network. 

 Visualization of traffic in real time. 

 

3.2.3. Features and benefits. 

 

A very viable line of features are available in the OPNET MODELLER [7][8] 
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 Constant capture of all changes occurring in network. 

 Devise discovery.  

 Configuration of the infrastructure. 

 Generation of HD network models. 

 Capture inclusive data of and over the network. 

 

3.2.4. Real time visualization, monitoring and analysis. 

 

The OPNET MODELLER also provides [7][8] 

 Real time visualization of topologies, traffic, status and events  of a network. 

 Fuse and merge data. 

 Set up and configuration of dash board for alerts (email and Short Messaging 

Services SMS. 

 

3.2.5. Auditing and security 

 

The following auditing and security features are also available in this tool [7][8] 

 Observe security and regulatory standards. 

 Ensure best policies and practices. 

 Detect alteration and modification in the network consistently. 

 

3.2.6. Network and Infrastructure documentation  
 

 File inventory and configuration by means of diagram. 

 Report of changes and modifications.[7][8] 

 

3.2.7. Planning and design  
 

 Capacity expansion according to requirements. 

 Visualization and verification of hypothetical design. 

 Study and troubleshoot convoluted and complex routing. [7][8] 

 

3.2.8. Features of large scale enterprises and organizations  
 

 Automatic generation of complete virtualized and rational views of technologies 

and configurations. 

 Optimize resource utilization and confirms service survivability. 

 Offers automated for off line traffic inspection. 

 Optimization of BGP peering and identify impacts of fundamental failure. 

 Predicts impact and influence of failed/failing nodes, links. 
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 Includes multilevel layer analysis, planning and design for IP/MPLS on transport 

networks. 

 Enable and ensure efficacious migration to Ipv6 due to inclusion of Ipv6 migration 

plan. [7][8] 

 

3.2.9. Disadvantages of OPNET 
 

 Commercial  

 Licensing issues 

 Expensive 

 Academic edition (less facilities and project storage only on application cache) 

 Complicated installation  

 Limited support especially for non-commercial users  

 

3.2.10 OPNET vs. other Simulation tools 

 

There are few simulation tools available, like OPNET some are for commercial use and 

some do not require a license [23] 

 

OPNET and NS2 and NS3.  

 

NS 2 and NS 3 are also GUI based simulation software and are best for research 

purposes at a medium scale level, especially for students but all in all it does provides  

the basic level components which are necessary for modeling a network and checks its 

performance before making it live. The main difference between OPNET and NS2/NS3 

is the license cost, the OPNET modeller has better modeling structure but as OPNET 

cost a lot, NS versions are better for study purposes.    

 

OPNET and GNS3. 

 

OPNET is a proper modeller, but GNS is a simulator better for learning network 

equipment, such as router and switch configuration. GNS also requires images of 

components which are either not easily available or cost a lot.  

 

OPNET and OMNET. 

 

The full version of OPNET modeller is better than OMNET, but the main difference is 

that as mentioned above, OPNET has a license fee and mostly used at high scales.  

3.3.  Network design 

 

The network design is based on the case study in which I have designed a network 

which involves two facilities one based in Pakistan which is a call center network, and 

the other is located in London. The call center in Pakistan has 50 employees and the 
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base network for this call center has a setup to manage voice and data traffic 

simultaneously. SIP (session initiation protocol) is a call signalling protocol is used to 

handle call setup and call control. SIP (session initiation protocol) proxy server 

together with FTP (file transfer protocol) is deployed at call center in Pakistan. Since 

the partial purpose of this study is to compare the  VoIP codecs which are G.711, G.726 

and G.728.  I have created  9 scenarios for all three mentioned codecs for various loads 

of traffic as well as performance parameters such as jitter, end to end packet delay and 

packet inter-arrival delay. A base model is made from various component available in 

OPNET modeller, such as routers, switches and severs. 

3.4. Call Center Data collection  

 

For the purpose of establishing Key Performance Indicators (KPIs), a few of the call 

centers in Pakistan have been contacted. Information collected from them will support 

this study in a very adequate manner. 

 

Many call centers have been contacted over a period of time but only few were able to 

provide the needed information. Out of those only few call center were willing to go 

all the way to support the study. The information gathered by other call centers is also 

very important, the information collected by the call centers will be explained in the 

results. The generic information i.e. location, infrastructure, type of services, number 

of employees, number of clients, location of clients, number of calls, issues and generic 

financial information 

3.5. previous studies 

 

In order to evaluate the codec performance, a number of studies have been studied to 

collect information and data already published, so that the results from earlier studies 

and the current study can be compared and provide a better line of action in order to 

select various attributes such as choice of codec. 

 

The different studies had various attributes, but for most of the studies the parameters 

used to decide the codec are the same, such as jitter, packet delay, mean opinion score 

and packet delay variation. Current study also has these same parameters but the basic 

difference between the previous studies and the current study is that the previous 

studies have conducted the experiments mostly on a fixed traffic load, and they have 

not provided any sort of policy in terms of choosing codecs and in addition there was 

no policy which could improve economic gain but the current study not only suggests 

choice of codec but also indicates Key Performance Indicators (KPI) and also suggests 

a policy in order to have financial an economical gain. A number of studies have been 

published where the performance of several codecs is evaluated and compared, under 

different conditions such as codec performance on local area network (LAN) and wide 

area network (WAN) with various attributes such as number of user and different 

networks. 
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4        Design/Implementation 

 
Figure 4. Network Design 

 

Figure 5. Islamabad Office Network 

4.1. Network design 

 

The network design is based on the case study in which a network is designed which 

involves three facilities one is based in Pakistan which is a call center network and 

remaining two are located in Glasgow and Manchester. 

 

The call center in Pakistan has the base networks for this call center has a setup to 

manage voice and data traffic simultaneously. SIP (session initiation protocol) is a call 

signalling protocol is used to handle call setup and call control. SIP (session initiation 

protocol) proxy server together with FTP (file transfer protocol) is deployed at call 

center in Pakistan. This is because part purpose of this study is to compare  VoIP 

codecs.  

 

The VOIP codec are G.711, G.726 and G.728. Different scenarios for all three 

mentioned codec for different loads of traffic and performance parameters consist of  

jitter, end to end packet delay and packet inter-arrival delay, which have been created 

in order to study the results for different scenarios to establish opinion. 



31 

 

A base model is made from various components available in OPNET modeller, such as 

routers, switches and severs. The offices located in the UK have various numbers of 

employees, and have a 100 BaseT link as router at each location. The offices in UK are 

connected by DS1 link a high speed WAN link which provides bandwidth up to 1.544 

MBPS connected by an IP cloud. A base design is created, which will be same for all 

the offices, but with different settings for different scenarios. The purpose of this 

simulation is to evaluate and compare VOIP codecs G.711, G.726, G.728 performance 

under various scenario. Various scenarios are evaluated to evaluate performance of 

mentioned codec hence performance parameters must be set which are Jitter, End to 

End delay and Packet inter-arrival delay. The simulation will result in achieved 

parameters in form of graphs supported and created by the OPNET modeller. The 

results will provide data to evaluate performance of various codecs under different 

conditions. 

The base simulation can be achieved by using various components provided in 

OPNET modeller such as server, routers, switches, workstations, IP cloud together 

with other application and data configuration components. All of these components 

are explained in details in further documented section.        

4.2. Network Components 

4.2.1. Application Configuration 

 
Figure 6. Application Configuration 

 
Figure 7.Application Configuration Attributes 

 

The application configuration is used to define the tier information utilised in the 

network model. In this application configuration various tier attributes can be defined.  
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These defined attributes are automatically updated in an ACE library. When a new 

model is created using the toolbar menu (Network-Import Topology-Create from 

ACE).  

 

Each tier listens to incoming traffic and has a specific name and port interconnected to 

various nodes in the designed network.  

 

4.2.2. Application Specification 

 

This list specifies applications using accessible application varieties. Users can list the 

desired name and the application specification specifies applications using available 

application types. Users can specify a name and the related  description according to 

the new application created such as: 

 

 Web browsing- (heavy HTTP-High Browsing, Low HTTP-Low browsing) 

 Voice - (Heavy Traffic and Low Traffic) 

 

Certain applications will be used during creation of user profile at Profile 

configuration pallet. 

 

4.2.3. Voice Encoder Schemes 

 
Figure 8. Codec Scheme 

A voice encoder scheme must be set according to the needed traffic generation 

required in the network. 
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4.2.4. Profile Configuration 

 

 
Figure 9. Profile Configuration 

 

The user profile is created in this vary node and it can be adjusted on various nodes in 

the deployed network in order to generate traffic at the application layer. 

 

The profile configuration node uses an application predefined in the application 

configuration object node, so in order to use the profile configuration object node, the 

applications must be defined properly in the application configuration node. 

 

Traffic pattern together with applications and profile configuration can be named and 

specified in this vary object node, but traffic must follow the  application definition. 
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4.2.5. FTP Server 

 

 
Figure 10. FTP Server Attributes 

This is the FTP Ethernet server node which has following specification: 

 Running over TCP/IP and UDP/IP 

 Provisions connection at 10 Mbps, 100 Mbps, or 1 Gbps.  

 Operational speed is determined by the connected nodes’ data rate.  

 Ethernet MAC at the node can be operated either in full-duplex or half-duplex 

mode but when connected to a hub, it must be set to "Half Duplex". 

 IP forwarding rate determines the required rate to route every packet. 

 FCFS (first come first serve) is implemented at packet routing schemes depending 

on rate of transmission on output interface.  

 Various protocols are used such as RIP, UDP, IP, TCP, Ethernet, Fast Ethernet, 

Gigabit Ethernet, and OSPF.  
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 This server node has two primary attributes such as, supported service to 

authenticate and describe various services and server address to define and 

allocate address of the node. 

 

4.2.6. SIP Proxy Server 

 
Figure 11.SIP Server 

 The SIP proxy server model represents a server node which supports SIP UAS 

service.  

 It also supports other standard applications running over TCP/IP and UDP/IP.  

 It rruns over TCP/IP and UDP/IP 

 SIP server provisions connection at 10 Mbps, 100 Mbps, or 1 Gbps.  

 Operational speed is determined by the connected nodes data rate.  

 Ethernet MAC at the node can be operated either in full-duplex or half-duplex 

mode, but when connected to a hub, it must be set to "Half Duplex". 

 IP forwarding rate determines the required rate to route every packet. 

 Various protocols are used, i.e. RIP, UDP, IP, TCP, Ethernet, Fast Ethernet, Gigabit 

Ethernet, and OSPF.  

 This server node has two primary attributes, i.e. supported service to authenticate 

and describe various services and server address to define and allocate address of 

the node. 

 

4.2.7. Router 

 
Figure 12. Router 

 Router represents a gateway which is IP based and supports four Ethernet hub 

interfaces, and eight serial line interfaces.  

 Each IP packet is on arrival routed to output interface in accordance with the 

destination IP address.  
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 Either Routing Information Protocol (RIP) or Open Shortest Path First (OSPF) 

protocol can be customed in order to create routing tables and select router in  an 

amended manner dynamically..  

 Time is fixed to route packet according to the IP routing speed. 

 FCFS (first come first serve) is implemented at packet routing schemes depending 

on rate of transmission on output interface. 

 This node supports protocols such as IP, UDP, RIP, Ethernet (IEEE 802.3), OSPF, 

and SLIP. [23] 

 

4.2.8. Switch 

 
Figure 13. Switch 

 The switch supports up to 16 Ethernet interfaces.  

 To guarantee a loop free network topology, the switch node implements spanning 

tree algorithm.  

 Multiple switches communication is initiated and maintained by sending Bridge 

Protocol Data Units (BPDU's).  

 Current confutation of the spanning tree defines the order of packets and 

processing.  

 Spanning Tree Bridge Protocol (IEEE 802.1D) and Ethernet (IEEE 802.3) are the 

supported protocols. 

 

4.2.9. 100BaseT LAN 

 
Figure 14. 100 Base T Lan 

 100BaseT_LAN symbolises a Fast Ethernet LAN in a switched topology.  

 This includes a server and number of clients that can be set according to 

requirements. 

 It supports bidirectional client traffic for internal and external servers.   

 It also includes various supporting applications such as. FTP, email, database, 

custom, rlogin, video, X windows and HTTP.  
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 Application operates over TCP or UDP and specific traffic for a group client can be 

set in order to have steady and quick description of entire local area network.  

 You may also wish to set the following attributes. 

 Switching speed: (default = 500,000pkts/sec) 

 Number of workstations. (default = 10) 

 LAN server name. (default = auto assigned)  

 The switching speed regulates the time required for service for every packet while 

passing through this module. 

 All inbound or outbound transit packets, are subject to this delay.  

 All packets usually experience transmission delay depending on the nodes data 

rate. 

 

4.2.10. 100BaseT Links 

 It represent the Ethernet connection which operates at 100 Mbps.  

 Except HUB-to-HUB, any of the following combinations can be connected at the 

following nodes. 

Important aspects of this node, such as propagation speed measured in meter/sec and  

propagation delay are directly dependent on the distance between two nodes. 

 

4.2.11. DS1 Links 

 DS1 links connects nodes.  

 Supported data rates are up to 1.544 Mbps. [23]  

 

4.2.12. IP8 Cloud 

 
Figure 15. IP Cloud 

 This represents an IP cloud supporting up to 8 serial line interfaces at a selectable 

data rate through which IP traffic can be modelled.  

 IP packets arriving on any cloud interface are routed to the appropriate output 

interface based on their destination IP address.  

 The Routing Information Protocol (RIP) or the Open Shortest Path First (OSPF) 

protocol may be used to automatically and dynamically create the cloud's routing 

tables and select routes in an adaptive manner.  

 This cloud requires a fixed amount of time to route each packet, as determined by 

the "Packet Latency" attribute of the node. Packets are routed on a first-come-first-

serve basis.  

 The protocols supported are RIP, UDP, IP, OSPF, BGP, IGRP, and TCP.  



38 

5        Results 

5.1. Evaluated information call center 

My current study suggests contacting various call centers in Pakistan. Many of the call 

centers are working with the internet which includes DSL, fiber optics and wireless 

connections, with various numbers of work stations, types of networks providing 

various services such as telesales. Customer and Technical support and data mining & 

management. Different call center has different target markets most of the call centers 

have business to consumer model (B2C) where they provide services as telesales and 

customer support. Some call centers with suitable background and steady business 

history deal in business to business (B2B) together with business to consumer (B2C) 

and data management projects. 

5.1.1. CRESOULS private Limited 

CRESOULS is a SME small medium scale enterprise situated in area of capital 

Islamabad. It is a call center which deal in business to business models (B2B) and 

business to consumer model (B2C). It mostly deals in UK based campaigns. They deal 

with various businesses and firms related to their outsourced projects. 

 

Call Center Details 

 

Company  CRESOULS Private Limited 

Location Islamabad Pakistan  

VOIP solution  EYE BEAM 

Dialer  Predictive and manual. 

Internet  DSL 4 MB 

Business model 
Business to Business (B2B) and Business to customer 

(B2C) 

Services Telesales 

Target area United Kingdom 

Shifts B2B - 06.00 to 13.00 hours  B2C - 15.00 to 22.00 

Calls 
Regional  International  

Office area  UK USA 

Number of calls Minimum 1,600 Maximum 2,500 Success 60% 

Codec  

Regional  International  

G.711 
G.726 and 

G.728 



39 

 

Table 1. Call Canter Details 

 

 

 

The VOIP service and software which is deployed and used by the company  

 

VOIP Service Provider EYE BEAM 

Processor  

Audio only All features 

Minimum  Optimal  Minimum  Optimal  

400 MHz 1.3 GHz 700 MHz 2.0 GHz 

Ram 128 MB 256 MB 256 MB 256 MB 

Hard disk 50 MB 

OS Windows Vista, Windows XP, Windows 2000 

Connection  Broadband, LAN, wireless 

Sound card Full Duplex  

Services  

Inbound / 

Outbound 
Voice Mail Call waiting 

Recording  Notification Call on screen 

AV conferencing  Multiple calls Call reports 

Table 2. VOIP Service Provider Cresouls 

PBX Software 

 

PBX software is the software which acts as a bridge between existing PSTN and VOIP 

 

PBX Detail 

Software  Asterisk 

Services 

and  

Integration 

Voice mail 
Conferencing 

calls 
Phone menus Call distribution 

PBX 
Connections Exchange  

PSTN VOIP Asterisk exchange 

Protocols  SIP MGCP H.323 

License General public license General Proprietary license (GPL) 

OS Linux MAC Windows  
Open 

BSD 
Solaris 

Table 3. PBX Details 

5.1.2. Neuron technologies 

Neuron technologies is a medium scale private limited company situated in 

Islamabad, Pakistan. It is a call center and deal in business to business models (B2B) 

and business to consumer models (B2C). It deals in various projects such as customer 

support, technical customer support, telesales and data mining &management. The 

details of the call center are specified below. 
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Call Center Details 

Company  Neuron Technologies Private Limited 

Location Islamabad Pakistan  

Work 

stations 

Server PC Processor  Ram 
Sound 

Cards 
OS 

5  85  2.3 GHz 4 GB 16 GB 
Windo

w 

VOIP 

solution  
PBX Plus 

Dialer  Predictive and manual. 

Internet 

connection 

Bandwidth  Provider  

Fixed Fiber optic dedicated 8 MB PTCL  

Business 

model 
Business to Business (B2B) and Business to Customer (B2C) 

Services Customer Support Telesales Data mining 

Target area United Kingdom and United States of America 

Number of 

shifts 

B2B B2C 

06.00 to 13.00 hours  15.00 to 22.00 hours 

Type of calls 
Regional  International  

Office area  UK USA 

Number of 

calls 
Minimum 3,600 Maximum 5,500 Success rate80% 

Codec  
Regional  International  

G.711 and G.729 G.726,G.728 and G.729 

Table 4. Call Canter Details Neuron Technologies 

 

Performance Indicators Infrastructure 

Performance Indicators Infrastructure 

Bandwidth Broadband  DSL Dedicated Wireless  

Servers  VOIP server RTP or RTSP server SIP server Email 

server 

Network  Wired  Wireless  

Power Power back up UPS 

Generators  

Workstations  PC Laptops 

PBX 

software 

Must support and integrate PSTN and packet based switching. 

Existing 

PSTN 

Integration of existing PSTN hardware PBX with software PBX 

Services  Support Sales Management Data mining  

Target area Destination and source of outgoing and incoming calls 

Number of 

calls 

Inbound calls In-house calls  Outbound calls 
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Table 5. Performance Indicators Infrastructure 

 

5.1.3. Key Performance Indicators  

Now there are certain prospects in which we can determine how traffic analysis can be 

done and what the Key Performance Indicators (KPI) are. These can determine certain 

drawbacks in any network and help to gain better efficiency in terms of having more 

calls, less connection errors, less bandwidth consumption etc. 

 

Key performance indicators services 

Bandwidth  Available  Required  Consumed  

Capacity Work stations Servers  Connections  

Grade of service  
In bound Out bound Data  Video  

Very high High High  Medium  

Traffic type Voice  Data  Video  

Call pattern 
Connection 

time 
Holding time 

Number of 

calls 

Number of 

drops 

VOIP codec 
Regional (selection) International (selection) 

Packet durations Delay  

Busy hour 

services 
Peak time Normal  

Gate ways    

Bandwidth 

Utilization 

Wired Wireless 

Low  High  

Packet Loss 
Wired Wireless 

Low High 

Jitter  
Wired Wireless 

Low High 

Packet delay 

end to end 

Wired Wireless 

Low High 

Packet delay 

variation 

Wired Wireless 

Low High 

Mean Opinion 

Score (MOS) 

Wired Wireless 

Low High 

Table 6. Key Performance Indicators Services 

5.2. VOIP service provider in Pakistan 

The following is a list of VOIP service providers in Pakistan enabling customers calls 

and receives calls from 45 countries including the Europe, the USA and the Gulf 

regions 
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VOIP service providers in Pakistan 

Service provider Asterisk SIP Voice Video Data 

PBX Plus ✔ ✔ ✔ ✔ ✔ 

Check Box ✔ ✔ ✔ ✔ ✔ 

Eye Beam ✔ ✔ ✔ ✔ ✔ 

DID-WW ✔ ✔ ✔ 
 

✔ 

ICT-Auto dialer ✔ ✔ ✔ 
 

✔ 

My Divert ✔ ✔ ✔ 
 

✔ 

Phone Dot Net ✔ ✔ ✔ 
 

✔ 

Super Phone ✔ ✔ ✔ ✔ ✔ 

Virtual Phone Line ✔ ✔ ✔ 
 

✔ 

Vocal solution ✔ ✔ ✔ ✔ ✔ 

Table 7.VOIP Service Providers In Pakistan 

5.3. Problem Areas 

Call Center Considerations 

 
CRESOULS  NEURON technologies  

Link congestion   
Normal  Peak hour Normal  Peak hour 

Modest High Low High 

Server 

connection 

establishment 

Good  Excellent  

Connection 

maintainer  

Normal  Peak hour  Normal  Peak hour 

Steady  Weak  Excellent  Steady  

Interactive Voice 

recording (IVR) 
Noise in recorded memo Occasional noise  

Call connections 
Normal  Peak hour Normal  Peak hour 

Quick  Slow  Quick  Quick  

Call initiation 
Normal  Peak hour Normal  Peak hour 

Steady  Steady Immediate  Steady  

Call hang Frequent  Occasional 

Call transfer Poor  Good  

Call drops  High call drops Periodic drops 

Call control 

Normal  Peak hours  Normal Peak hour 

Steady  Congestion  Steady  
Occasional 

Congestion  

Phone 

performance 
Modest noise at peak hours Low noise at peak hours  

Codec Selection 
LAN 

Regiona

l  

Internation

al 
LAN 

Regiona

l 

Internation

al 

G.71 G.726 G.726,G.72 G.711 G.726 G.726,G.72
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1 8 &G.728 8&G.729 

Table 8. Call center Consideration and Problem Area 

5.4. Inquiry Areas for VOIP  

 

VOIP is one of the essential aspects of the technologies, especially in developing 

countries. Many studies have been conducted in this area that deal with various 

aspects of voice over Internet protocol technologies. Advanced technologies some time 

overshadow VOIP, but there are regions where VOIP still is the talk of the day. The 

motive of my thesis is to come up with a policy which can help small and medium 

level companies to achieve and sustain better quality of services with available 

resources. As mentioned earlier there are various aspects in which studies have been 

conducted which includes performance of VOIP over wired and wireless networks 

with respect to codec performance, quality of services (QOS) and quality of experience 

(QOE). 

 

5.4.1. Important aspects 

 

VOIP can be deployed on all sort of networks, wired and wireless environments as 

VOIP has various requirement to be deployed. 

 

There are certain areas which must be understood before deploying any kind of 

network for any kind of services. 

 

5.4.2. Bandwidth 

 

For any data network which includes any sort of bidirectional communication 

bandwidth is one of the most important aspects for a live network. Before deploying 

any sort of network one must know bandwidth, available type of bandwidth and 

service providers. Various types networks have different types of bandwidth 

requirements. For VOIP most of the services can be utilized except dial up modem if 

quality is required. There are various scenarios with respect to bandwidth choice 

which must be considered. Some time you may need a lot of available bandwidth 

depending on the volume of traffic. VOIP is mostly used for commercial purpose 

because at the commercial level VOIP has a lot to offer in terms of services and cost. 

 

Band Width 

Technology  Speed  Performance  

Dial up-modem 56 kbps Not good 

ISDN 128 kbps For fixed and dedicated services 

ADSL Mbps Best WAN but no mobility 

Wireless (Wi-Fi, WIMAX) Mbps Distance and signal quality 

limitations 

LAN (Ethernet) GBPS Best but not as flexible as wired  

Cable  Mbps No mobility  
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Table 9. Bandwidth details 

 

5.4.3. Networks 

 

VOIP can be deployed over various types of networks which can be, wired and 

wireless. In general network cable-less environments are considered, but to have better 

QOS and QOE, wired networks are preferred. Wired and wireless environments have 

their own advantages and disadvantages.    

 

Wired networks may seem outdated, but wired networks are best suited for best 

quality of services, though it has its own limitations. However for QOS and QOV these 

limitations can be compromised. 

 

Wireless networks have their own advantages and most important one is mobility and 

scalability. 

    

Channel 

Type  Sub types Speed  QOS 

Cabled media 
LAN 

High Excellent 
WAN 

Wireless media 
WLAN 

Medium Modest 
WWAN 

Table 10. Network Channels 

5.4.4. Servers/work stations/phones 

 

Like every computer network, a network which could support a VOIP service has 

specific requirements with respect to type of server, workstations and phones.  Every 

aspect has specific specifications which are necessary in order to support a VOIP 

service. 

Servers/work stations/phones 

    Processor  RAM Sound 

card(16 GB) 

Server  E mail 2.4 GHZ 12GHZ Intel 

RTP 2.4 GHZ 12GHZ Intel 

SIP 2.4 GHZ 12GHZ Intel 

Web 

Server 

2.4 GHZ 12GHZ Intel 

VOIP 

Server 

Online  Online Intel 

Workstations  PC 2.0 GHZ 4GHZ Intel 

Laptops  2.0 GHZ 4GHZ Intel 

Phones  Soft Phones Normal phones 



45 

Table 11. Network Components 

5.4.5. Type of VOIP 

There are a number of VOIP service providers around the globe. Every type of service 

provider provides different services according to the requirements of the clients or 

users.  

 

VOIP Categories 

  Consumer 

Non commercial  Residential   

Commercial    SME/Large scale companies 

Mobile    SME/Large scale companies 

Fixed on time cost (annual)   SME/Large scale companies 

Table 12. VOIP Types 

 

5.4.6. VOIP Codec 

 

There are various aspects which have to be taken into consideration to decide which 

codec should be used in a specific scenario, in which environment what codec will 

perform best according to the needs and to maintain balance between quality of 

service and resource utilization, such as bandwidth consumptions. 

 

Name  Bandwidth 

Kbps 

Modulation  Calls/DSP Compressio

n delay 

G.711 64 PCM 4 0.75ms 

G.722 48/56/64 APCM 2 15ms 

G.723 5.3/6.3 MP-PLQ 2 30ms 

G.726 16/24/32/40 AD-PCM 4 28ms 

G.728  16 LD-SELP 2 5ms 

G.729 8 AC-ELP 4 30ms 

Table 13. VOIP Codec 

5.5. Previous Studies Evaluation 

5.5.1. Case Study 1 

 

5.5.2. Mean opinion score (MOS) LAN & WAN 

 

Mean opinion score (MOS) is a general scale to measure the quality of services (QOS) 

mostly derived from opinion of the listeners. There is a general consensus on MOS in 

most of the studies. The following graphs shows MOS values with respect to various 

aspects.[15] 

 

The graphs shows MOS for LAN and WAN as can be seen in the graph. It is very clear 

that for specific codecs the difference is not even noticeable but for other codecs 

difference can be seen clearly. [15]  
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Graph 1. MOS LAN and WAN 

 

5.5.3. Mean Opinion Score (MOS) with respect to Data Rate 

 

This graph shows the MOS with respect to data rate. The variation in the graph is not 

that significant but as the range of MOS is from 1 to 5. Even a minor difference 

matters. Every codec is better or worse by a small mathematical difference, but in real 

time these difference become significant. [15] 

 

 

 
Graph 2.MOS with Respect To Data Rate 

 
 

5.5.4. Delay with respect to Data Rate 

 

The following graphs show the delay which is in milliseconds with respect to the data 

rate. It is clear in the graph that codecs with higher data rate has lower delay as 

compared to the codecs which have lower data rates. [15] 
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Graph 3. Delay with respect to Data Rate 

 

5.6. Case Study 2 

5.6.1. Statistics 

 

These statistics show the number of calls and attributes which depicts the performance 

of VOIP calls and video conferencing over the WIMAX and LTE networks. These 

statistics are with respect to various sizes of traffic, such as various numbers of calls 

and different numbers and sizes of video traffic. Main attributes which concludes the 

performance of VOIP over LTE and WIMAX network are delay, jitter and percentage 

of data loss.[16] 

    

 
 

Graph 4. Case Study 1 LTE and WIMAX Statistics 
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5.5.2. WIMAX Jitter/Delay/Data lose 

This subgraph shows the jitter/delay and data loss with respect to the various numbers 

of calls and video traffic over the WIMAX network.  

 

 
Graph 5. WIMAX Jitter, Delay and Data Loss 

 

 

5.5.3. LTE Jitter/Delay/Data loss 
 

This subgraph shows the jitter/delay and data loss with respect to the various numbers 

of calls and video traffic over the LTE network.  

 

 
Graph 6. LTE jitter, Delay and Data Loss 

 

5.5.4. WIMAX and LTE Jitter 

 

40

135

195

40

80

120

0.11 0.09 0.07 0.49 0.35 0.150 0.6

55.5

0 0 0.8
0

50

100

150

200

250

12 CALLS 24 VIDEO TOATL (DATA) 6 CALLS 12 VIDEOS TOTAL (DATA)

DELAY(ms) JITTER(ms) DATA LOSS(%)

1800

1200

750

400 400 410

10 8 6 20 15 1025 27 21.8 50 50 61

0

200

400

600

800

1000

1200

1400

1600

1800

2000

12 CALLS 24 VIDEO TOATL 

(DATA)

6 CALLS 12 VIDEOS TOTAL 

(DATA)

DELAY(ms) JITTER(ms) DATA LOSS(%)



49 

This subgraph shows the jitter with respect to the various numbers of calls and video 

traffic over the LTE and WIMAX networks.  

 
Graph 7. WIMAX and LTE jitter 

 

5.5.5. WIMAX & LTE Delay 

 

This subgraph shows the delay with respect to the various numbers of calls and video 

traffic over the LTE and WIMAX network 

 

 

 
Graph 8. WIMAX and LTE Delay 
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5.5.6. WIMAX and LTE Data Loss 

 

This subgraph shows the data Loss with respect to the various numbers of calls and 

video traffic over the LTE and WIMAX networks. 

 
Graph 9.WIMAX and LTE Data Loss 

 

5.5.7. Maximum vs. .Minimum Traffic 

 

This study  emphasizes on the traffic load and has compared WIMAX and LTE with 

low load and heavy load of traffic. 

 

5.6. Case Study 3 

5.6.1. Data Rate and Mean Opinion Score 

  
Graph 10. MOS with Respect to Data Rate 
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5.6.2. Acceptable Jitter and Delay 

 
 

Graph 11. Acceptable Jitter and Delay 

 

5.6.3. MOS, Delay and Jitter with respect to clients (Wi-Fi) 

 
Graph 12. MOS, Delay and Jitter (Wi-Fi) 
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5.6.4. MOS, Delay and Jitter with respect to clients (WI

Graph 13

5.7. Economic Impact and considerations

 

This section of the thesis represents and discuses e

advantages  of VOIP.  

 

A policy should be understood before producing and managing any policy

question is what policy “ Policy is basically a guide line which support and direct the action 

of a individual or a company”. Policies are directions which can be named 

regulations. 

 

It must be understood that policies ar

the basic set of rules, so that companies

interconnection on order to produce mutual benefit

 

5.7.1. Economical impact of  call c

Packet switched networks have

extent. In this section economic effect of VOIP is discussed. VOIP has pl

role in creating competition among 

 

Many main players in the voice 

based switched networks offering a group of effective services to users with the help 
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Basically VOIP has broke the global barrier. Many of the key players such as Microsoft, 

Yahoo and Google together with others have also added VOIP services  in their 

existing service bundle. 

 

Economically, VOIP has effect on all areas from a single user using Skype services to 

large companies that have a need for a  huge number of incoming and outgoing calls. 

VOIP services are greatly appreciated by multinational companies who have offices 

offshore and onshore and it is specially popular among call centers and business 

process outsourcing companies who needs to make a lot of calls in order to entertain 

telesales and also to handle a lot of inbound calls in order to support their customer 

services projects. 

 

Figuratively discussing in the context to call centers, the impact VOIP has greatly 

reduced the costs for the call centers and also for the clients of these call centers. In 

order to discuss and understand the financial impact of VOIP for call centers and 

clients, an example will be discussed. As many companies around the globe deal in 

sale and service domains and most of the companies around the globe should have a 

support center. Suppose there is a company situated in the UK which is requires and 

sales and services department it must have 25 employees to handle sales and 25 

employees to handle services projects. The company requires to run two shifts for sales 

and three shifts for 24/7 customer support so in order to fullfill the requirements the 

company must have 25*2=50 employees for sales and 25*3=75 employees for customer 

service department. In total company needs to hire 50+75=125 employees in order to 

cover all the shifts. Average pay in UK is 11 pounds per hour, so for a shift of  8 hours 

a employee cost 11*8=88 pounds per day and 88*26=2288 pounds per month,  in total 

for 125 employees it will cost company a total of 125*2288= 286000 pounds per month 

in order to just cover the payments in context of salaries. This is just for the employees 

for the sales and support department so in order to maintain the network and 

infrastructures there are additional costs such as salaries of technical stuff which at 

least is 5*2288=11440 pounds so the total employee cost will be 11440 + 286000 = 297440 

pounds per month together with this cost the company must deploy a steady network 

in order to maintain the quality of services which can cost the company a lot. In order 

to cut the costs and additional hassle for sales and support department, employees, 

infrastructure and various other costs the company outsource the required department 

to a offshore company which will cut significantly. Let us suppose the there is call 

center in Pakistan and it has an infrastructural and technical capability together with 

manpower to support requirements to handle sales and services project of the 

company situated in UK. 

 

Theoretically the call center in Pakistan will have same number of employees which is, 

125 and also same technical staff and infrastructure. The question raised here is what is 

the VOIP and in all of this scenario so the answer is, because of cheap calls. If a call 

center use a traditional PSTN the cost for the call will be so high that the purpose of 

offshore outsourcing companies would have deceased. 
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The call center in Pakistan would have same number of employee, which is, 125 for 

sales and services, on average cost for an employee will be at max 800 

pounds/Employee which will cover all the cost. So employee cost will be 

MIN=125*800=100000.        

 

As mentioned above the economic advantages for the company in UK have been 

discussed as 297,440 pounds/month the company would have spent to conclude the 

financial savings of the company in UK saves a total of 297,440-100,000= 197,440 

pounds/month.  

 

In order to understand the advantages for the call center in Pakistan two primal factors 

are going to be discussed. One is the call center is situated in a developing country. It 

provides a lot of employment opportunities and second factor is that as the call center 

has 125 employee a single employees cost only about 500 pounds which covers 

employee salary and all other infrastructure and recurring cost inclusive so the call 

center saves a total of 300 pounds per employee and  125*300=37500 pounds per 

month 

 

Coordinate

s 

Parties Employe

e 

Cost/Empl

oyee 

Total cost Financial Gain 

UK Client 125 2,288 29,7440 19,7000 

Pakistan Call 

Center 

125 800 10,000 37,500 

Table 14. Financial Gain 

 

All the financial figures mentioned in this section are British sterling pounds. 

 
Graph 14. Salary Comparison 
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5.7.2. The Potential Impact of VoIP Service Providers 

 

As like any other service provider initially there were very limited VOIP service 

providers and the basic reason of that were availability of resources like better 

availability of bandwidth, infrastructural resources and initially globe was not as 

much connected as it is today through Internet protocol IP.  

 

As the technology grew and together with availability of resource made it possible for 

various stake holder to join this industry so by the passage of time a lot of VOIP 

service providers jumped into this area which created a lot of competitions among the 

service providers. 

 

So the potential impact of this competition provided a ground for service providers to 

provide better quality of services to end users this is the reason why VOIP became 

common and easily available for just not only company who need heavy VOIP 

services but also to ordinary individual.        

 

5.7.3.  Impact on Telecommunication Operators 

 

VOIP had a great impact on telecommunication, i.e. before IP based switching there 

were traditional Packet Switched Telephone Networks (PSTN) all over general 

telephone services and mobile phone services. The calls, messaging and other services 

were very expensive for the end users but as VOIP grew together with the time many 

of  the telecommunication operators started to integrate the existing system with VOIP 

so with the integration of VOIP these services became cheap for end users. So at the 

end of the day VOIP had a main impact on cutting the costs and provisions telecom 

operators to provide better services. [30] 

  

5.7.4. The Impact on Non-Telecommunication Companies 

  

The impact of VOIP on no telecommunication companies is also great as, many non 

telecommunication companies started to deploy VOIP in order to be service provider 

and hence more and more stakeholders created competition. Facilitating users, 

especially call centers, which has a great impact in availing this opportunity.   

    

5.7.5. The Impact on Consumers  

 

The greatest effect of VOIP is on Consumer whether the consumer is a individual 

using services as Skype and other VOIP application or SME such as call centers which 

has emerged greatly in South East Asia n order to acquire outsourced business around 

the globe which ultimately added an effect in global market to effect economic 

grounds in a positive manner.  
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5.7.6. Policy recommendation for VOIP services 

 

 Nowadays the number of VOIP services providers is so great around the Globe that it 

is nearly impossible to count them all together. 

 

Basically VOIP services are for two main groups 

 

 VOIP for residential consumers. 

 VOIP for business consumers. 

 

There is a long list of VOIP service providers for both domain. As mentioned above, 

the emphasis here is not to mention or discuss the number and coordinates of VOIP 

service providers but is to discuss, policy which a VOIP service provider should follow 

in order to provide the recommended level of services.  

 

The purpose here is to discuss policies and services that a VOIP survive providers 

should provide for business consumers. 

 

As this study emphasizes on call centers so, the following policy recommendation is 

general for consumers who are call centers and business process out sourcing 

companies.  

 

In order to provide satisfactory services. A VOIP service provider must facilitate for 

consumer who is dealing with call centers in industries with following the facilities. 

 

 

VOIP Service Provider Features 

 

The content and futures which VOIP service provider must have 

 

Plan Cost 

Residential 

consumer 

Small/medium 

Enterprises 

Large 

Enterprises 

Minimum Plan 

Minutes ✔ ✔ ✔ 

Maximum Plan 

Minutes ✔ ✔ ✔ 

Unlimited Plan 

Minutes ✔ ✔ 

Unlimited Plan 

Minutes World ✔ ✔ 

Service Fees 

Setup Fee ✔ ✔ ✔ 

Maintenance Fee ✔ 

Service Fees ✔ ✔ 

Cancellation fee ✔ 
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Service Plans 

Month-Month-Plan ✔ 

Unlimited Minutes ✔ ✔ 

Domestic Calls ✔ ✔ ✔ 

International Calls ✔ ✔ ✔ 

Area Code Service ✔ ✔ 

Soft Phones (IP Phones) ✔ ✔ ✔ 

Calling Features 

Outgoing Calls ✔ ✔ ✔ 

Incoming Calls ✔ ✔ 

AV (Audio Video) 

Conferencing ✔ ✔ 

Free Calls in Network ✔ ✔ 

Voice Mail ✔ ✔ 

Messaging ✔ ✔ 

FAX ✔ ✔ 

Enhanced 911 ✔ ✔ 

Speed Dial ✔ ✔ ✔ 

Redial ✔ ✔ ✔ 

Call Transfer ✔ ✔ 

Call Waiting ✔ ✔ 

Call Return ✔ ✔ 

Location Services ✔ ✔ 

Directory Assistance ✔ ✔ 

Caller ID (CLI) ✔ ✔ 

Additional Features 

Mobile Application ✔ 

Free Second line ✔ ✔ 

Toll free Number ✔ 

Virtual Phone Number ✔ ✔ 

Hidden Charges 

Analogue Phone 

Adapter ✔ ✔ 

Dedicated Lines ✔ 

Voice and Data 

Services ✔ ✔ 

Authentication and Regulations 

Local Regulatory ✔ ✔ 

International 

Regulatory ✔ ✔ 

Support and Services 

24/7 Support ✔ ✔ ✔ 

Telephone Support ✔ ✔ ✔ 

Live Chat ✔ ✔ ✔ 
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Email Support ✔ ✔ ✔ 

FAQ ✔ ✔ ✔ 

 

Table 15. VOIP Service Provider Features 

 

   

5.7.7. Policy recommendations 

 

As mentioned earlier this part of the study stresses on call centers. This part of the 

policy discusses the governing bodies, processes and procedures involved in 

deploying a call center.   

 

Before  deploying a call center in Pakistan there are certain which must be considered 

Stake holders 

 

 Security Exchange Commission of Pakistan SECP (http.//www.secp.gov.pk ) 

 

Before any entity plans to start up a business in Pakistan it must register its company 

with SECP in order to  have proper permission to deploy and operate in Pakistan. 

 

 Pakistan Software Export Board (PSEB) (http.//www.pseb.org.pk/) 

 

Every call center must register with PSEB in order to operate legally if the call center is 

not register with PSEB it is not be a legal entity.  

 

 Association of call center operators Pakistan (http.//callcenter.net.pk/links.asp) 

 

Any deployed call center should consider to register them self with this association. It 

is not mandatory, but it will a advantage for a new contact center to register with a 

association. 

 

 Pakistan telecommunication Authority (PTA)(www.pta.gov.pk) 

 

PTA is the authority which deals all the issues related to IP traffic and other 

telecommunication related issues. So in order to have bandwidth and  IP lines if 

needed. All other technical issues, PTA must be contacted and all the VOIP policies 

and procedures required must be followed in order to have proper technical 

infrastructure.  

 

 Internet Services Association Of Pakistan (ISPAK)( http.//www.ispak.pk/)  

 

Internet Service provider Association of Pakistan (ISPAK) provides a common 

platform for all the Internet Service Providers (ISPs) operating in Pakistan ISPAK 

provides a common ground for all the internet service providers to take up regulatory, 

infrastructural and legal issues.  

http://www.secp.gov.pk/
http://www.pseb.org.pk/
http://callcenter.net.pk/links.asp
http://www.pta.gov.pk/
http://www.ispak.pk/
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Other than the above mentioned aspects there are many other aspects involved in 

offering a policy for  a call center in order to have technical and financial gain. 

 

 Traffic Design Analysis 

 

Traffic design analysis is one of the most important facts if you are not certain with the 

route of your traffic then it will cause huge problems. Network and traffic design 

specialist is a must no matter if the design is local PBX network or a network which 

supports International carriers when it comes to deploy a call center anywhere in the 

world. There are many mechanisms and applications both  paid and free which can 

help design engineers to do a better traffic analysis. [15]  

 

 Required Lines 

 

These systems can be used by designers to produce the estimated number of lines 

required for a connection. Three aspects must be taken under consideration during 

performing traffic analysis. Busy Hour Traffic (BHT), which represents the count of 

call traffic during the busy time of operation of a system. Blocking represent, failed 

calls because of limited number of lines. Lines, is the number of channels in a call 

group.  

 

Online Traffic calculator known as ERLANG, if a designer knows the above given 

facts like, Busy Hour Traffic (BHT) which can easily be extracted from the call logger 

and the system can afford to have 2 block calls per 100 calls, the number of lines which 

are needed can be extracted as following. [31] 

 Press the Lines Unknown radio button (this is selected by default). 

 Enter 10 in the BHT edit box. 

 Enter 0.02 in the Blocking edit box. 

 When you press the Calc button, 17 will be displayed in the Lines edit box 

indicating that 17 lines would be required in this trunk group. 

 

VOIP bandwidth calculator 

 

 

Figure 16. VOIP bandwidth Calculator 
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This application can be utilized to estimate the required bandwidth which is a must 

for transporting mentioned or needed voice channels in a IP/Packet switched network. 

To have proper results following must be known and entered in required fields. 

 

The CODEC scheme. 

 

The packet size of the transmitting data.     

 

 Agents Calculator 

 

 
Figure 17. Agent Calculator 

 

This aspect of an application can help to produce estimated numbers of agents 

required for every hour in an eight hour shift together with number of lines needed to 

cover the calls by the clients of the call centers.  

 

Entering the required fields will result in the required number of agents for an eight 

hour shift and the number of agents per hour according to the number of calls.[31] 

 

Infrastructure Requirements and Cost 

 

Infrastructure and Cost 

Name  Fixed Cost (USD) Recuing Cost (USD) 

Hardware Work Stations 200-300 ☓ 

 

Phones/headsets 100-200 ☓ 

 

PABX Exchange 400-1000 ☓ 

 

Client/Server 300-600 ☓ 

 

Switches 200-500 ☓ 

 

Routers 200-500 ☓ 

 Software IP phones 100-300 ☓ 

 

Predictive Dialer 100-500 ☓ 
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Manual Dialer free-100 ☓ 

 

CODEC free-100 ☓ 

 

Audio/Video 

Drivers free-100 ☓ 

 Power/Backup Generators 1500-3000 None-200 

 

UPS 500-1500 ☓ 

 Facility Office Personnel  10000-50000 ☓ 

 

Office Rental ☓ 400-2000 

 

Parking ☓ 50-100 

 

Bandwidth 

Fixed Line 

Dedicated 500-1000 400-6000 

Table 16. Infrastructure Requirement and Cost 

 

 Internet facts Pakistan 

There are certain facts about internet industry in Pakistan as following. [20] 

 

Internet facts Pakistan 

Internet users (estimated). 25 million 

Mobile Internet users (EDGE/GPRS). 15 million 

Broadband Internet Connections. 1.7 million (DSL, Wi-max, HFC & Evo) 

Cost of 2 M-bits IP Backbone 

connection. 
US$ 1000-2000 per month 

Internet bandwidth to Pakistan. 
~130,000 M-bits combined from PTCL and 

TWA 

Operational ISPs. 50 (approx) 

ISPs providing DSL services. 10 

Operators providing broadband Internet 

over cable. 
5 

Undersea cables connecting Pakistan to 

the rest of the world. 

Three with PTCL (www.ptcl.com.pk), 

SMW3, SMW4 & IMEWE 

One with TWA (www.tw1.com) 

Domestic Fiber backbones. 

PTCL (www.ptcl.com.pk) 

Wateen (www.wateen.com)  

Mobilink (www.mobilinkgsm.com) 

http://www.ptcl.com.pk/
http://www.ptcl.com.pk/
http://www.tw1.com/
http://www.ptcl.com.pk/
http://www.wateen.com/
http://www.mobilinkgsm.com/


62 

Multinet (www.multinet.com.pk) 

Fiber to the Home (FTTH) Provider. Nayatel (www.nayatel.com)  

Domains Registered under the .pk 

domain. 
~ 30,000 

Table 17. Internet Facts in Pakistan 

 

 Average Salary in Pakistan 

 

The following chart and table shows the comparisons and a difference in salaries of 

employees in the Pakistan, the UK and the USA. A great saving can be saved if these 

facts are considered.[19] 

 

Average Salary comparisons In Call Centers (USD) 

 

Pakistan 

(USD) 

USA 

(USD) 
UK (USD) 

Call Center Representative 300 1,907 1997 

Call Center Scheduler 500 2,333 1700 

Customer Services Representative 300 2,485 2290 

Customer Service Trainer 400 2,669 2663 

Customer Care Representative 350 2,694 2290 

Client Service Representative 375 2,843 2566 

Customer Service Executive 600 3,036 3500 

Customer Service Team Leader 700 3,681 3500 

Customer Service Manager 1,500 4,409 3500 

Call Center Manager 2,000 4,666 4000 

Call Center Scheduling Manager 1,500 5,000 300 

Call Center Team Leader 1,000 5,414 2000 

Network Administrator 500 2500 2000 

Manager IT 1,000 3500 2800 

Operation and administrations 1000 3000 2500 

Support staff 200 1800 1500 

 

Table 18. Salary Comparison 

 

5.8. Simulation and Results 

 

This thesis has a part where it is needed to simulate an environment and get the results 

and compare the results of this simulation with results which were achieved from 

previous studies.   

 

http://multinet.com.pk/
http://www.nayatel.com/
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Simulation Speed. 

 

The following figures represent the speed of the simulation when a scenario is 

simulated over OPNET and compiled and the memory usage of the OPNET software 

which it uses while running the project.  

 

 
Figure 18. Simulation Speed 

 

 
Figure 19. Memory Usage 
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Graph 15.Traffic Sent and Received 

 

 
 

Figure 20. Traffic Sent 
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Figure 21.Traffic Received 

 

 

 

 
 

Graph 16.Packet Delay Variation All 
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Figure 22.Packet Delay Variation All 

 

 
Graph 17.End to End Delay 
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Figure 23. Packet End to End Delay 

 

 
Graph 18.Call Setup Time G.711 & G.728 
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Graph 19.Call Setup Time G.726 

 
Graph 20.Jitter All 
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Figure 24. Jitter 

 

FTP 

 
Figure 25.FTP queuing Delay and Throughput 
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Call Setup Time 

 

 
Figure 26. SIP Call Setup Time 
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6         Evaluation   
 

Call centers in Pakistan have great potential for a successful merger in the IT and 

support industries. Although initially call centers in Pakistan did not have the support 

and resources available together with the fact that many investors have invested with 

the finance in right intentions but with wrong approach so the level of economic gain 

was low and risk of failure was very high.   

 

Concluding statements must include a economical policy which must state what a call 

center do in order to provide better services and have better economical gain and what 

a call center must not indulge in order to avoid the risk of failure.[20]    

 

6.1.Financial Gain 

 

Coordina

tes  

Parties Employe

es 

Cost/Employ

ees 

Total 

cost 

Financial Gain 

UK  Client  125 2288 29,7440 19,7000 

Pakistan Call 

Center  

125 800 10,000 37,500 

Table 19.Salary Comparision 

 

6.2. Economical Recommendations 

There are some facts which new investors must consider while deploying the call 

center.   

 

Authorities and registrations 

The Company must be registered with all of the mention authorities.  

 

 Security Exchange Commission of Pakistan SECP 

 Pakistan Software Export Board (PSEB)  

 Association of call center operators Pakistan  

 Pakistan telecommunication authority (PTA)  

 Internet Services Association of Pakistan (ISPAK)  

 

Financial background 

The company must have all the financial resources before starting up a call center 

because often the reason for failure of a call center is also the scattered financial 

resources. Companies start up a business with the minimum capital so that they will 

extract the finances from other resources while operating the call center. This is a very 

big mistake companies make. 

 

 Start -Up Financial capital 

 Back -Up Financial capital    
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 Financial advisor 

 

The well-defined border lines for the investment must be known at the time of 

planning because that will have a main effect on planning and execution of the 

processes.  

 

Office Space and Facility 

Any interested entity must consider few of the given point before accruing a properly 

for a office space. 

 

Financial Capital 

If the company has a strong enough capital that they can purchase a facility for office 

space. This investment will not disrupt other expenses and they does have a business 

contract for a long period of time together with the fact that they have a team which 

can manage these projects. The company must not block there capital in purchasing 

the property initially the company should prefer a rental space, so that initial capital 

decreases dramatically and the company can safe capital for technical infrastructures.     

 

Business Contract 

If the company has a long term business contract and the client then the company may 

invest in purchasing a property. 

 

Location and Resources 

The company must should find a area where all of the required resources are available 

such as, power, bandwidth, transportation, security, and other resources. 

Team 

The company must have plans for a team who can provide quality services. 

Any interested entity must consider following suggestions before accruing a properly 

for an office space. 

 

Call Center Features and Considerations 

This table provides the content and features which  a call center must have 

Services 

Service 

Availabilit

y  

Quality Of 

Service 
Cost 

Telemarketing ✔ High Modest 

Technical Customer 

Support(24/7) 
✔ High High 

Customer support(24/7) ✔ High High 

Data collection and processing ✔ Modest Low 

Email/ Live Chat Support ✔ Modest Modest 

Recurring Fees   Payment Schedule Cost 

Bandwidth ✔ Monthly 400-6000 
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VOIP service ✔ Monthly 1000-10000 

Electricity/Backup ✔ Monthly 1500-3000 

Rental ✔ Monthly 400-2000 

Telephone lines ✔ Monthly 100-1000 

Other Administrative ✔ Monthly 1000-2000 

Authentication and 

Regulations 

Permissio

n 
Processing Time Fee 

Internet Services Association 

of Pakistan (ISPAK 
✔ One Day 400-6000 

Security Exchange 

Commission of Pakistan SECP  
✔ three weeks 150-200 

Pakistan Software Export 

Board (PSEB) 
✔ three weeks 100-3 

Association of call center 

Operators Pakistan 
  one week 50-100 

Pakistan telecommunication 

Authority (PTA) 
✔ three weeks 200-1000 

Calling Features 
Availabilit

y 
Requirements 

Additional 

Charges 

Outgoing Calls ✔ ✔   

Incoming Calls ✔ ✔   

AV(Audio Video) 

Conferencing 
✔ ✔ ✔ 

Free Calls in Network ✔ ✔   

Voice Mail ✔ ✔ ✔ 

Messaging ✔ ✔   

FAX ✔ ✔   

Enhanced 911 ✔ ✔   

Speed Dial ✔ ✔   

Redial ✔ ✔   

Call Transfer ✔ ✔   

Call Waiting ✔ ✔   

Call Return ✔ ✔   

Location Services ✔ ✔   

Directory Assistance ✔ ✔ ✔ 

Caller ID (CLI) ✔ ✔ ✔ 

Additional Features       

Mobile Application ✔   ✔ 

Free Second Line ✔ ✔ ✔ 

Toll Free Number ✔   ✔ 

Virtual Phone Number ✔ ✔ ✔ 

Hidden Charges ✔   ✔ 

Analogue Phone Adapter ✔ ✔ ✔ 

Dedicated Lines ✔   ✔ 
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Voice and Data Services ✔ ✔ ✔ 

Table 20. Call Center Features 

 

 

6.3. Key Performance Indicators. 

 

During the course of this study multiple previous studies have been studied and there 

results are analyzed and a extensive amount of information from various call centers 

has also been studies together with a simulation of a case study where three offices are 

located in various coordinated globally and using VOIP for voice communication in 

order to indicate best practice to chose VOIP codec according to the need of the 

organization.  

6.4. Case Study One. 

 

MOS/Delay 

Codec Data Rate Kbps MOS score DELAY(ms) 

G.711 64 4.0 1.5 

G.722 5.3 2.0 30 

G.723 32 3.5 2.75 

G.726 16 3.0 10 

G.728 8 3.61 5 

G.729 13 3.7 3.7 
 

Table 21. Case Study 1 Results 

6.5. Case Study Two. 

 

WI-FI  WIMAX 
 

  
CLIEN

TS 
MOS 

DELAY  

(ms ) 

JITTER 

 (ms)  
MOS 

DELAY 

(ms)  

JITTER 

(ms) 

G.711 10 4.37 8 4 4.35 9 3 

G.723 10 4.01 4 31 4 9 4 

G.729 10 3.94 11 34 3.83 14 6 
 

 

Acceptable Jitter and Delay 

 
GOOD ACCEPTABLE POOR 

JITTER(ms) 20 50 60 

DELAY(ms) 150 300 320 

Table 22. Case Study two Results 

 

6.6. Case Study three. 

 
CALLS VIDEO TOTAL DELAY(ms) JITTER(ms) LOSS(%) 

WIMAX 

(MAX) 
12 24 36 195 0.1 25.50% 

WIMAX 6 12 18 120 0.15 8.00% 
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(MIN) 

LTE  (MAX) 12 24 36 750 7 61.0% 

LTE (MIN) 6 12 18 410 15 22.00% 

Table 23.Case Study three  Results 

 
 

6.7. Simulation Results 

 

END 2 END Delay 

Time(sec) 
Delay(G.728- 

E2E) 

Delay(G.726- 

E2E) 

Delay(G.711- 

E2E) 

0 0 0 0 

20 0 0 0 

40 0 0 0 

60 0 0 0 

80 0 0 0 

100 60 0 20 

120 1 5 45 

140 1 10 1 

160 1 12 1 

180 1 18 1 

Table 24. Simulation Results E2E Delay 

 

Jitter Call setup time 

 G.711 G.726 G.728  G.711 G.726 G.728  

1.10       

1.20       

1.30       

1.40 0.0011 0.009 0.003 0.4 0.6 1 

1.50 -0.005 0.002 -0.003 1.6 0.6 5 

2.00 0 0.009 0   10 

2.10 0 0.009 0 0.3   

2.20 0 0.009 0 0.4   

2.30 0 0.009 0  0.3  

2.40 0 0.009 0   22 

2.50 0 0.008 0 0.2   

3.00 0 0.008 0  0.3  
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6.8. Bandwidth consumption and effect 
 

 
Codec 

Voice 

Payload  
Bandwidth per Call 

Codec 

& Bit 

Rate 

(Kbps) 

Sample 

Size 

Bytes 

Sample 

Interval 

(ms) 

MOS  
VPL  

(Bytes) 

VPL  

(ms) 
PPS 

ML  

P2P 

(Kbps)   

C RTP  

(kbps) 
Ethernet 

G.711 80  10  4.1 160  20  50 82.8   67.6   87.2  

G722 80   10  2.13 160   20   50 82.8   67.6  87.2  

G.723  24   30  3.9 24   30  33.3 18.9   8.8   21.9  

G.726  20   5  3.85 80   20  50 50.8   35.6  55.2  

G.728  10   5 3.61 60  30   33.3 28.5   18.4  31.5  

G.729  10   10  3.92 20   20   50 26.8   11.6  31.2  

ILBC   50   30  NA  50   30   33.3 25.8   15.73  28.8  

 

 

Formula for calculation of bandwidth consumption per call in steps is  [33] 

[1]. Total packet size (bytes) = (MP header of 6 bytes) + ( compressed IP/UDP/RTP 

header of 2 bytes) + (voice payload   of 20 bytes) = 28 bytes .   

[2]. Total packet size (bits) = (28 bytes) * 8 bits per byte = 224 bits . 

[3]. PPS = (8 Kbps codec bit rate) / (160 bits) = 50 PPS . 

[4]. 160 bits = 20 bytes (default voice payload) * 8 bits per byte . 

[5]. Bandwidth per call = voice packet size (224 bits) * 50 PPS = 11.2 Kbps . 

MP = Multilink point to point – Protocol .  

IP = Internet protocol .   

UDP = User data gram protocol . 

CRTP = Compressed real time protocol . 

Number of Calls Per E1 2mb of Bandwidth [34] 

[1]. E1 circuit data rate = 2MBPS . 

[2]. 128 KBPS = Reserved framing and signaling . 

[3]. 64 KBPS = Required by un compressed voice channel . 

[4]. 32, 24, 16 KBPS = Required by compressed channel such as ADCP. 

[5]. Voice channels Capacity  = 30 (64 MBPS), 60 (32 KBPS), 80(24 KBPS), 120 (16 

KBPS). 

[6]. Bandwidth is allocated for active calls only . 

 

Required Bandwidth for a single call for codec  [33][35] 

This is a table extracted from various calculative and figurative domains representing 

bandwidth for a given codec for a single call.    

Codec (Kbps) 
Multilink 

P2P 

Compressed 

RTP 
Ethernet 

G.711(64)  82.8 Kbps  67.6 Kbps  87.2 Kbps 

G722(64)  82.8 Kbps  67.6Kbps  87.2 Kbps 



77 

G.723(6.3)  18.9 Kbps  8.8 Kbps  21.9 Kbps 

G.726(32)  50.8 Kbps  35.6 Kbps  55.2 Kbps 

G.728(16)  28.5 Kbps  18.4 Kbps  31.5 Kbps 

G.729(8)  26.8 Kbps  11.6 Kbps  31.2 Kbps 

ILBC (13.3)  25.8 Kbps  15.73Kbps  28.8 Kbps 

Generally a small medium scale needs to deal with 40 to 100 calls simultaneously.[35] 

Codec  

(Kbps) 

Bandwidth 40 

calls  

Bandwidth 50 

calls 

Bandwidth 100 

calls  

G.711(64)  3.4(MBPS) 4.3(MBPS) 8.5(MBPS) 

G722(64)  3.4(MBPS) 4.3(MBPS) 8.5(MBPS) 

G.723(6.3)  0.8(MBPS) 1.0(MBPS) 2.0(MBPS) 

G.726(32)  2.2(MBPS) 2.7(MBPS) 5.4(MBPS) 

G.728(16)  1.2(MBPS) 1.5(MBPS) 3.1(MBPS) 

G.729(8)  1.2(MBPS) 1.5(MBPS) 3.0(MBPS) 

ILBC (13.3)  1.1(MBPS) 1.4(MBPS) 2.7(MBPS) 

 

Cost of point to point leased line in Pakistan.[36] 

E1 = 2.0 MBPS, Installation Cost = 1800 USD, Recurring cost = 1200 USD .  

T1 = 1.5 MBPS, Installation Cost = 1500 USD, Recurring cost = 1000 USD . 

Call per channel. 

E1 = 2.0 MBPS = Channels per line = 23 

T1 = 1.5 MBPS = Channels per line = 17 

Required bandwidth, number of lines and cost against number of calls.[36][37] 

 
E1 Line T1 Line 

Bandwidth for 50 calls 4.0(MBPS) 4.5(MBPS) 

Cost for 50 calls 2400 USD 3000 USD 

Lines per 50 calls Two line Three lines 

   Bandwidth for 100 calls 8.0(MBPS) 9.0(MBPS) 

Cost for 100 calls 4800 USD 6000 USD 

Lines per 100 calls Four lines Six lines 

 

So a call center has to spend between 2,400 to 6,000 USD excluding installation costs 

for a cycle  of 50 to 100 calls. If a call center has 25 call center agents and 100 calls per 

agent is made so a day will consist of 2500 calls per day which will be a cost of 0.41 

USD. 
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7         Conclusions 
From the evaluation and  given results I would like to conclude my study in the 

following. 

 The WIMAX is a better option for VOIP traffic 

 The LTE network has small chances to be a better choice compared to the WIMAX 

network.  

 The WIMAX network was successful in supporting the maximum, traffic and even 

with increased traffic it was able to maintain QOS of VOIP calls.  

 LTE network with maximum traffic was not able to satisfy the QOS of VOIP calls 

even with linear increase in traffic. 

 LTE network is at risk of data loss due to high delay and jitter. 

 G.711, G.723 and G.729, all the codecs works efficiently on a WIMAX network 

although have some glitches with WIFI with respect to jitter value.  

 G.722 is the not a good choice  with respect to MOS and delay.  

 G.726 is next in line with modest performance. 

 G.726 has low MOS and higher jitter than G.728. 

 G.728 has a modest value of MOS and jitter so it is better than G.722 and G.726. 

 G.711 is Standard for LAN. 

 

G.711 (A. law and U. Law) is the best and standards for all the voice based 

communication for LAN. 

G.711 is best for inbound and in house calls. 

G.726 has high jitter value, low MOS, high delay, high call setup time but compression 

delay is low.  

It has modest compatibility for outgoing and incoming calls. 

G.728 has adequate compatibility and has acceptable jitter, end to end delay and 

compression delay.  

It is efficient for both outgoing and incoming calls. 

 Dedicated Bandwidth (T1 & E1) was and still is expensive in Pakistan. 

 Bandwidth is directly propositional to call capacity. 

 Higher available bandwidth = Higher number of calls = High cost .   

 Average cost for dedicated line according to minimum required number of calls is 

4800 USD. 

  Right choice of codec and other technical aspects must be implemented in order to 

save bandwidth and reduce costs to increase financial gain. 

 

7.1. Technical suggestion 

 A call center should use tools to analysis bandwidth utilization. 

Call centers must utilize tools which are widely available licensed or open source in 

order to know the bandwidth utilization and manage it accordingly.  

 A call center must use tools to calculate rate of calls 

Call center must also use tools to calculate the call rates according to the available 

bandwidth. 
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 Agent calculation with respect to required number of calls and shifts  

A call center must also use tools or at least should have some sort of methodology to 

calculate the required number of call center agents according to the number of shifts 

and volume of calls. 

 Maximum capacity against load 

Maximum capacity must also be considered in order to have a risk free environment.  

Suppose if the maximum load of a call center in a single shift is of 1000 outgoing calls 

and 500 incoming calls, but the maximum capacity of the bandwidth is of less than the 

mentioned number of calls. Then the network will encounter severe congestion and 

network will halt against the load. 

 Call Manager and IP poling 

IP poling must be created according to the incoming and outgoing calls and Call 

Manager should be deployed in a way that it can handle the IP pooling as best of 

manner as it should be as IP pooling is same like extensions if it is not created or 

managed properly it will cause a great deal of trouble.   

 Per call cost and financial gain 

Like any business at the end of the day, it is all about financial gain so cost per call and 

gain against cost must be calculated in order to have a successful business.  

 Overall  cost and financial gain  

Overall recurring cost against gain must also be calculated  

 

7.2. Social economical and ethical responsibility 

VOIP is a technology that provides mutual gain to all the stakeholders including 

service provider, governing bodies and customers, but this gain comes with a lot of 

social and ethical responsibilities . 

 

The ethical responsibility of a service provider and vendor is to be responsible of 

doing business with fair means. A service provider should not use illegal channels to 

route their calls and should not deploy their routing servers in illegal facility and 

should do business with the consent of  governing body and the law of the land. Every 

deployment and the legal requirement must be fulfilled and all roles should be 

followed by service providers. 

 

Ethical responsibility for governing bodies is to be concerned and helpful to the 

service provider. Governing bodies must has clear direction in terms of any business 

deployment. 

The biggest ethical responsibility of customers is to chose the right legal service 

provider in order to halt illegal channels for VOIP service providers. If the user 

understands and practice these responsibility, this will be beneficial not only for the 

legitimate business, country but also for the customers as the customer would enjoy 

better quality of services as there is always a check and moral responsibility on a legal 

business to provide service according to the service level agreements (SLA). 
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8         Future Work 

8.1. Solution for Expensive Bandwidth in Pakistan 

Bandwidth still is very expensive in Pakistan . Decline in cost of T1,E1 and Fiber lines 

is very minimal. Call center must have to save bandwidth by using other techniques 

such as, using proper equipment and tools [24] 

 

Block streaming Web sites 

In a call center if employees have access of Internet, they must not be allowed to use 

Internet for watching live streaming. This will save a lot of bandwidth and that saved 

bandwidth can be used for right purpose which is to have better quality of voice and 

allow more calls on available bandwidth. [24] 

 

Cloud backup applications considerations 

If any sort of cloud services are utilized in order to have backup of data the service 

must provide features which stops the  cloud from consuming bandwidth once the 

data is stored. [24] 

 

Access to VoIP calls 

Call manager and IP pooling must be done in correct manner employees should not be 

allowed to make personal calls, only official calls should be allowed through VOIP 

service. [24] 

 

Proxy cache 

This will help to decline the amount of  traffic generated by web browsing. Once a site 

is visited it will be stored in proxy server. When revisited the content of the web site 

will not have to be downloaded again. [24] 

 

Centralize updates 

Any  application at a work station over a network is updated. If these updates are 

required to be executed individually over every work station it will definitely utilize a 

huge chunk of bandwidth. Avoid this waste of bandwidth. A window server update 

service (WSUS) must be present so it can download all the content of updates 

connected to all workstations. Those updates can be available for individual 

workstations. [24]      

 

Content  filtering 

Hosted Filtering is very handy when the company has an in house mail server. By 

Appling the filters, the mail server can be directed to the cloud host and all the spam 

or unwanted mails can be filtered. This results in saving bandwidth. [24] 

 

 

Identify nodes using most bandwidth 

Identify the workstation utilizing most bandwidth and get to the bottom. If the use of 

bandwidth is not justified then take active measures to avoid it. [24] 
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Aggressively scan for malware 

The best software to deal with malware must be installed to keep malware out of the 

machines. [24 

 

8.2. ILBC codec 

 

ILBS (Internet Low Bit Rate Codec) is a voice codec for voice communication over 

internet. It is a narrow band speech codec with a pay load of 13.33 Kbps per second. If 

the encoding frame length is 30 ms and if the frame length is 20 ms, then payload bit 

rate will be 15.20 kbps per second. It is one of the most latest codecs and many 

companies are embracing it now. [25]  

It has features such as 

 Bit rate 13.33 kbps (399 bits, packetized in 50 bytes) for the frame size of 30 ms.  

 Bit rate 15.2 kbps (303 bits, packetized in 38 bytes) for the frame size of 20 ms. 

 Quality better than G.729 and G.728 in the context of packet loss. 

 Royalty-free Codec. 

 

8.3. Better Call Manager and IP pooling 

 

In order to utilize the full potential of the network with available bandwidth. IP 

pooling must be done in the best of way. The better Call Manager should be designed 

which could support various codec schemes and which can handle IP pooling for 

various regions correctly.  

 

 

 

 

 

 

 

 

 

 

 



82 

9        References. 

1) Component of VOIP, 

http.//www.cisco.com/en/US/docs/ios/voice/monitor/configuration/guide/vt_callflow_

ov.pdf, Author. Cisco, Reterived.2013-11-07 

2) VOIP Codec, http.//voip.about.com/od/voipbasics/a/voipcodecs.htm, Author.  Nadeem 

Unhat, Reterived.2013-10-01 

3) VOIP Codec, 

http.//www.cisco.com/en/US/tech/tk1077/technologies_tech_note09186a00800b6710.sht

ml, Author. Cisco,  Reterived.2013-10-01 

4) VOIP Codec, http.//whirlpool.net.au/wiki/voip_codecs, white paper, Reterived.2013-

10-01 

5) OPNET,http.//www.telecomlab.oulu.fi/kurssit/521365A_tietoliikennetekniikan_simulo

innit_ja_tyokalut/Opnet_esittely_07.pdf, journal, Retrieved. 2013-12-05 

6) OPNET, http.//www.qwhatis.com/what-is-opnet/, journal, Retrieved. 2013-12-01 

7) OPNET features, http.//www.riverbed.com/products-solutions/products/network-

planning-simulation/, white paper, Retrieved. 2013-12-09 

8) OPNET features, http.//www.riverbed.com/products-solutions/products/network-

planning-simulation/All-in-One-Network-Operations.html, white paper, 

Retrieved.2013-12-09 

9) Primal factors of VOIP, http.//www.cse.wustl.edu/~jain/cis788-

99/ftp/voip_protocols.pdf, journal, Reterived.2013-12-07 

10) Jitter in Packet Switched network, 

http.//www.cisco.com/c/en/us/support/docs/voice/voice-quality/18902-jitter-packet-

voice.html, Author. Cisco, Reterived.2013-11-13 

11) Packet Loss, http.//networksolutionexperts.com/what-causes-packet-loss-on-the-

Internet /, Journal, Reterived.2013-11-14 

12) Delay, http.//www.cisco.com/c/en/us/support/docs/voice/voice-quality/5125-delay-

details.html, Author. Cisco, Reterived.2013-11-15 

13) Delay, http.//voip.about.com/od/glossary/g/delay.htm, White paper, Reterived.2013-

11-16 

14) Types of Delay, http.//en.wikipedia.org/wiki/Network_delay, Reterived.2013-11-17 

15) Previous Studies and Results, Case Study 1. Authors. M.A. Mohamed, F.W. Zaki and 

A.M. Elfeki, Title(Thesis). Performance Analysis of VoIP Codec over WIMAX Networks, 

Institute. Faculty of Engineering-Mansoura University-Mansoura-Egypt, Year. 2012, 

Retrieved. 2014-01-10  

16) Previous Studies and Results, Case Study 1.Author. Filip Zivkovic, (fzivkovi@sfu.ca), Jeff 

Priest, (jpa30@sfu.ca),Hamidreza Haghshenas,(hhaghshe@sfu.ca),Title. Quantitative Analysis 

of Streaming Multimedia over WiMAX and LTE Networks Using OPNET. Institute. Simon 

Fraser University, Vancouver, British Columbia, Canada,Year. 2013, Retrieved. 2014-01-15 

17) Previous Studies and Results, Authors. Khaled Alutaibi, Student ID, 301108201, Email 

Address, kalutaib@sfu.ca, Web Page. www.sfu.ca/ kalutaib/project.html, Title. Performance 

Analysis of VoIP Codec over WIMAX and Wi-Fi Networks, Institute. Simon Fraser 

University, Vancouver, British Columbia, Canada  Year. May 17, 2012, Retrieved .2014-01-

20 

18) Packet Loss, http.//en.wikipedia.org/wiki/Packet_loss, Reterived.2013-11-13 

http://www.cisco.com/en/US/docs/ios/voice/monitor/configuration/guide/vt_callflow_ov.pdf
http://www.cisco.com/en/US/docs/ios/voice/monitor/configuration/guide/vt_callflow_ov.pdf
http://voip.about.com/od/voipbasics/a/voipcodecs.htm
http://www.cisco.com/en/US/tech/tk1077/technologies_tech_note09186a00800b6710.shtml
http://www.cisco.com/en/US/tech/tk1077/technologies_tech_note09186a00800b6710.shtml
http://whirlpool.net.au/wiki/voip_codecs
http://www.telecomlab.oulu.fi/kurssit/521365A_tietoliikennetekniikan_simuloinnit_ja_tyokalut/Opnet_esittely_07.pdf
http://www.telecomlab.oulu.fi/kurssit/521365A_tietoliikennetekniikan_simuloinnit_ja_tyokalut/Opnet_esittely_07.pdf
http://www.qwhatis.com/what-is-opnet/
http://www.riverbed.com/products-solutions/products/network-planning-simulation/
http://www.riverbed.com/products-solutions/products/network-planning-simulation/
http://www.riverbed.com/products-solutions/products/network-planning-simulation/All-in-One-Network-Operations.html
http://www.riverbed.com/products-solutions/products/network-planning-simulation/All-in-One-Network-Operations.html
http://www.riverbed.com/products-solutions/products/network-planning-simulation/All-in-One-Network-Operations.html
http://www.cse.wustl.edu/~jain/cis788-99/ftp/voip_protocols.pdf
http://www.cse.wustl.edu/~jain/cis788-99/ftp/voip_protocols.pdf
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/18902-jitter-packet-voice.html
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/18902-jitter-packet-voice.html
http://networksolutionexperts.com/what-causes-packet-loss-on-the-internet /
http://networksolutionexperts.com/what-causes-packet-loss-on-the-internet /
http://networksolutionexperts.com/what-causes-packet-loss-on-the-internet /
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/5125-delay-details.html
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/5125-delay-details.html
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/5125-delay-details.html
http://voip.about.com/od/glossary/g/delay.htm
http://en.wikipedia.org/wiki/Network_delay
mailto:fzivkovi@sfu.ca
mailto:jpa30@sfu.ca
mailto:hhaghshe@sfu.ca
mailto:kalutaib@sfu.ca
http://en.wikipedia.org/wiki/Packet_loss
http://www.salaryexplorer.com/salary-survey.php?loc=164&loctype=1&job=19&jobtype=1


83 

19) Salary Comparisons, http.//www.salaryexplorer.com/salary-

survey.php?loc=228&loctype=1&jobtype=1&job=19, Journal, Retrieved 2014-03-20 

20) Internet facts in Pakistan, http.//www.Internetworldstats.com/asia/pk.htm, Author. 

standard, Retrieved. 2014-04-05 

21) Bandwidth consumptions, http.//www.cisco.com/c/en/us/support/docs/voice/voice-

quality/7934-bwidth-consume.html, Author. cisco, Retrieved. 2014-03-25 

22) http.//www.cs.wustl.edu/~jain/cse567-08/ftp/simtools/index.html 

23) OPNET vs. Other Simulators, http.//www.cs.wustl.edu/~jain/cse567-

08/ftp/simtools/index.html, Author. journal, Reterived.2014-05-06 

24) Future work, http.//www.techrepublic.com/blog/10-things/10-things-you-can-do-to-

conserve-Internet-bandwidth/2503/#., Author. journal, Retrieved. 2014-05-10 

25) Future Work, http.//www.voip-info.org/wiki/view/iLBC, Author. journal Retrieved. 

2014-05-15 

26) Call Center essentials,http.//earnrock.com/call-center-skills-test-result-odesk/, Author. 

journal, Retrieved. 2014-04-25 

27) VOIP, http.//www.advancedtelecomus.com/voip.html, Author. journal, Retrieved. 

2014-05-12 

28) VOIP service providers in Pakistan, 

http.//www.voipinfo.org/wiki/view/SIP+Phone+Service+Providers+in+Pakistan, 

Author. standard, VOIP info, Retrieved.2014-02-01  

29) Economical Impact, http.//partcfood.msvu.ca/section4, Retrieved. 2014-02-15 

30) Impact of VOIP on Telecom operators, 

http.//www.itu.int/net/itunews/issues/2009/07/21.aspx, Author. Standard International 

Telecommunication Union, Retrieved. 2014-03-01 

31) Bandwidth and agent calculator, http.//www.erlang.com/calculator/lipb/, Author. 

erlang, Retrieved. 2014-04-01 

32) Codec Detail, http.//www.cisco.com/c/en/us/support/docs/voice/voice-quality/7934-

bwidth-consume.html, Author. Cisco, Retrieved. 2014-03-28 

33) Bandwidth requirement Codec, 

http.//www.cisco.com/c/en/us/support/docs/voice/voice-quality/7934-bwidth-

consume.html, Author. Cisco, Retrieved. 2014-06-06 

34) E1 and T1 lines and call per line, 

http.//electronics.stackexchange.com/questions/55471/how-much-bandwidth-does-a-

phone-call-require-and-how-much-is-the-capacity-of-a-s, Author. White paper, stack 

exchange, Retrieved. 2014-06-07 

35) Bandwidth utilization according to number of calls,http.//www.voip-

toolbox.com/bandwidth, Author. voip-toolbox, Retrieved. 2014-06-06 

36) Cost of T1 and E1 lines, http.//connectivity.onestopclick.com/topic/95/279/leased-line-

pricing.html, Author. onestopclick (white paper), Retrieved. 2014-06-07 

37) Cost of T1 and E1 lines, Asif Inam, Pakistan Telecommunication Authority,                                                                 

https.//www.itu.int/ITU-D/finance/work-cost-tariffs/events/tariff-seminars/Korea-

07/presentations/Bandwidth_Tariffs_Aasif_Inam.pdf, Author. Asif  Inam Retrieved. 

2014-06-07 

 

http://www.salaryexplorer.com/salary-survey.php?loc=228&loctype=1&jobtype=1&job=19
http://www.salaryexplorer.com/salary-survey.php?loc=228&loctype=1&jobtype=1&job=19
http://www.internetworldstats.com/asia/pk.htm
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/7934-bwidth-consume.html
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/7934-bwidth-consume.html
http://www.cs.wustl.edu/~jain/cse567-08/ftp/simtools/index.html
http://www.cs.wustl.edu/~jain/cse567-08/ftp/simtools/index.html
http://www.cs.wustl.edu/~jain/cse567-08/ftp/simtools/index.html
http://www.techrepublic.com/blog/10-things/10-things-you-can-do-to-conserve-internet-bandwidth/2503/
http://www.techrepublic.com/blog/10-things/10-things-you-can-do-to-conserve-internet-bandwidth/2503/
http://www.techrepublic.com/blog/10-things/10-things-you-can-do-to-conserve-internet-bandwidth/2503/
http://www.voip-info.org/wiki/view/iLBC
http://earnrock.com/call-center-skills-test-result-odesk/
http://www.advancedtelecomus.com/voip.html
http://www.voipinfo.org/wiki/view/SIP+Phone+Service+Providers+in+Pakistan
http://partcfood.msvu.ca/section4
http://www.itu.int/net/itunews/issues/2009/07/21.aspx
http://www.erlang.com/calculator/lipb/
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/7934-bwidth-consume.html
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/7934-bwidth-consume.html
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/7934-bwidth-consume.html
http://www.cisco.com/c/en/us/support/docs/voice/voice-quality/7934-bwidth-consume.html
http://electronics.stackexchange.com/questions/55471/how-much-bandwidth-does-a-phone-call-require-and-how-much-is-the-capacity-of-a-s
http://electronics.stackexchange.com/questions/55471/how-much-bandwidth-does-a-phone-call-require-and-how-much-is-the-capacity-of-a-s
http://www.voip-toolbox.com/bandwidth
http://www.voip-toolbox.com/bandwidth
http://connectivity.onestopclick.com/topic/95/279/leased-line-pricing.html
http://connectivity.onestopclick.com/topic/95/279/leased-line-pricing.html
http://connectivity.onestopclick.com/topic/95/279/leased-line-pricing.html

	Abstract
	Acknowledgements
	Table of Content
	1      Introduction
	/

	1.1. Background and problem motivation
	1.2. Overall aim 
	1.3. Scope
	1.4. Concrete and verifiable goals 
	1.5. Outline
	1.6. Contributions
	2      Theory 
	2.1. Primary factors of VOIP
	2.1.1. Quality of voice
	 2.1.2. Interoperability
	2.1.3. Security
	2.1.4. Integration of IP based networks and PSTN
	2.1.5. Scalability

	2.2. Components of VOIP
	2.3. Stages of VOIP call
	2.4. Standards and protocols
	2.5. Codec
	2.5. VOIP codec 
	2.6. Performance indicator
	2.6.1. Jitter in Packet Switched Networks
	2.6.2. Packet Loss

	2.7 Out Sourcing 
	2.8 Call centers
	3       Methodology 
	3.1. Goals
	3.2. Simulation Tool
	3.2.1. Simulation Tool OPNET MODELLER
	3.2.2. OPNET MODELLER.
	3.2.3. Features and benefits.
	 Constant capture of all changes occurring in network.
	 Devise discovery. 
	 Configuration of the infrastructure.
	 Generation of HD network models.
	 Capture inclusive data of and over the network.

	3.2.4. Real time visualization, monitoring and analysis.
	 Real time visualization of topologies, traffic, status and events  of a network.
	 Fuse and merge data.
	 Set up and configuration of dash board for alerts (email and Short Messaging Services SMS.

	3.2.5. Auditing and security
	 Observe security and regulatory standards.
	 Ensure best policies and practices.
	 Detect alteration and modification in the network consistently.

	3.2.6. Network and Infrastructure documentation 
	 File inventory and configuration by means of diagram.
	 Report of changes and modifications.[7][8]

	3.2.7. Planning and design 
	 Capacity expansion according to requirements.
	 Visualization and verification of hypothetical design.
	 Study and troubleshoot convoluted and complex routing. [7][8]

	3.2.8. Features of large scale enterprises and organizations 
	 Automatic generation of complete virtualized and rational views of technologies and configurations.
	 Optimize resource utilization and confirms service survivability.
	 Offers automated for off line traffic inspection.
	 Optimization of BGP peering and identify impacts of fundamental failure.
	 Predicts impact and influence of failed/failing nodes, links.
	 Includes multilevel layer analysis, planning and design for IP/MPLS on transport networks.
	 Enable and ensure efficacious migration to Ipv6 due to inclusion of Ipv6 migration plan. [7][8]

	3.2.9. Disadvantages of OPNET
	3.2.10 OPNET vs. other Simulation tools

	3.3.  Network design
	3.4. Call Center Data collection 
	3.5. previous studies
	4        Design/Implementation
	/
	4.1. Network design
	4.2. Network Components
	4.2.1. Application Configuration
	4.2.2. Application Specification
	4.2.3. Voice Encoder Schemes
	4.2.4. Profile Configuration
	4.2.5. FTP Server
	4.2.6. SIP Proxy Server
	4.2.7. Router
	4.2.8. Switch
	4.2.9. 100BaseT LAN
	4.2.10. 100BaseT Links
	4.2.11. DS1 Links
	4.2.12. IP8 Cloud

	5        Results
	5.1. Evaluated information call center
	5.1.1. CRESOULS private Limited
	5.1.2. Neuron technologies
	5.1.3. Key Performance Indicators 

	5.2. VOIP service provider in Pakistan
	5.3. Problem Areas
	5.4. Inquiry Areas for VOIP 
	5.4.1. Important aspects
	5.4.2. Bandwidth
	5.4.3. Networks
	5.4.4. Servers/work stations/phones
	5.4.5. Type of VOIP
	5.4.6. VOIP Codec

	5.5. Previous Studies Evaluation
	5.5.1. Case Study 1
	5.5.2. Mean opinion score (MOS) LAN & WAN
	5.5.3. Mean Opinion Score (MOS) with respect to Data Rate

	/
	Graph 2.MOS with Respect To Data Rate
	5.5.4. Delay with respect to Data Rate

	/
	5.6. Case Study 2
	5.6.1. Statistics

	   
	/
	5.5.2. WIMAX Jitter/Delay/Data lose

	/
	5.5.3. LTE Jitter/Delay/Data loss

	/
	5.5.4. WIMAX and LTE Jitter

	/
	5.5.5. WIMAX & LTE Delay

	/
	5.5.6. WIMAX and LTE Data Loss

	/
	5.5.7. Maximum vs. .Minimum Traffic

	5.6. Case Study 3
	5.6.1. Data Rate and Mean Opinion Score
	5.6.2. Acceptable Jitter and Delay

	/
	5.6.3. MOS, Delay and Jitter with respect to clients (Wi-Fi)

	/
	5.6.4. MOS, Delay and Jitter with respect to clients (WI-MAX)

	/
	5.7. Economic Impact and considerations
	5.7.1. Economical impact of  call centers and VOIP
	5.7.2. The Potential Impact of VoIP Service Providers
	5.7.3.  Impact on Telecommunication Operators
	5.7.4. The Impact on Non-Telecommunication Companies
	5.7.5. The Impact on Consumers 
	5.7.6. Policy recommendation for VOIP services
	5.7.7. Policy recommendations

	5.8. Simulation and Results
	/

	6         Evaluation  
	6.1.Financial Gain
	6.3. Key Performance Indicators.
	6.4. Case Study One.
	6.5. Case Study Two.
	6.6. Case Study three.
	6.7. Simulation Results
	6.8. Bandwidth consumption and effect

	7         Conclusions
	7.1. Technical suggestion
	7.2. Social economical and ethical responsibility

	8         Future Work
	8.1. Solution for Expensive Bandwidth in Pakistan
	8.2. ILBC codec
	8.3. Better Call Manager and IP pooling

	9        References.



